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AB8TRACT
This work investigates brass instruments in the time domain, rather than 
the t rad i t iona l  frequency domain, and considers f i r s t ,  impulse measurements 
and secondly, the i r  analysis.
An existing apparatus for measuring the response to an acoustic impulse 
at the input of a brass instrument has been ref ined.  Problems of impulse 
inconsistency, ambient temperature var iat ion and source ref lec t ions have been 
resolved.
Developments of the above equipment are used to test the quali ty  of brass 
instruments on a factory production l ine .  A prototype and a test  instrument 
are compared by taking the arithmetical difference of the ir  impulse responses. 
The equipment has detected small fau l ts  missed by normal inspection methods. 
The usefulness of th is  technique to brass instrument manufacturers is d is ­
cussed.
Links between the instrument's measured transient  response and i t s  bore 
geometry have been developed. The stages involved are deconvolution and bore 
reconstruction. Various deconvolution methods have been studied systematicaly  
by applying them to simulated noiseless and noisy data. Noise introduces 
errors,  p a r t ic u la r ly  at high frequencies, so deconvolution of real measured 
data is distor ted. Techniques to reduce the e f fec ts  of noise have been inves­
t igated .  Attempts to employ the Gerchberg restorat ion algorithm * to restore  
high frequency information proved unsuccessful.
A new inverse method, based on an i t e r a t i v e  z-transform procedure, of 
reconstructing an instrument's bore shape and damping p ro f i le  from i t s  t ra n ­
sient response has been developed. I t  produces perfect resul ts for  noiseless  
model data, but even the smallest amount of noise renders the method unstable.  
Regularisation is therefore required. The corresponding d i rec t  process of 
predicting the transient  response from bore and damping data is  stable and
produces resul ts which compare well with measured responses.
The work strengthens relat ionships between an instrument's shape and i ts  
musical qua l i ty ,  and w i l l  enhance the design of better  instruments. Further 
research on the l ink  between transient  response and subjective quali ty  is 
recommended.
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ABBREVIATIONS USED
A b b re v ia t io n  Meaning
ADC Analogue to  D i g i t a l  Converter
B and K Brflel and Kjaer
BCD B in ary  Coded Decimal
DAC D i g i t a l  to  Analogue Converter
DFT D i s c r e t e  F o u r ie r  Transform
FFT Fast  F o u r i e r  Transform
FPSN F r a c t i o n a l  Peak Sample Number
G-P A lg or i thm G erchberg -Papoul is  Algori thm
ISP I n t e r - S a m p le  Poin ts
POCS P r o j e c t i o n s  onto Convex Sets
PSN Peak Sample Number
6A Q u a l i t y  Assurance
rms Root Mean Square
ROI Region of I n t e r e s t
S-N R a t io S i g n a l - t o - N o i s e  Rat io
SVD S in g u la r  Value Decomposition
VG Valve Group
D e d i c a t e d  to  » y  p a r e n t s
With trumpets and the sound of the horn 
make a jo y f u l  noise before  the  King,  the Lord!
Psalm 98, Verse 6
CHAPTER 1 
INTRODUCTION
A b e t t e r  inst rument is  the goal o-f both the musical aco u s t ic ia n  and the  
ins t rument  m an u fac tu re r , not to mention the p la y e r  and the l i s t e n e r .  In t h i s  
th e s is  ways in which progress towards t h i s  goal may be made -for brass wind 
in st ruments are considered.
At the outse t  i t  i s  necessary to  consider  what is  meant by a " b e t t e r  
in s t ru m e n t" .  Many d i f f e r e n t  f a c t o r s  determine how good an inst rument i s .  
Edwards (1978)  asked over 120 p ro fe s s io n a l  trombone p laye rs  which f e a t u r e s  
they considered to be of c r i t i c a l  importance f o r  a high q u a l i t y  in s t ru m en t .  
For convenience,  these are d iv id ed  i n t o  two c a te g o r ie s  -  f i r s t ,  musical  
f e a t u r e s  and secondly,  non-musical  f e a t u r e s .
M u s i c a l l y ,  the t im bre  is  considered most im por tan t .  I t  should be p le as in g  
and the inst rument should be such t h a t  the p laye r  can vary the t im bre  to  s u i t  
d i f f e r e n t  types of music i f  he so d e s i r e s .  Good "responsiveness" or "ease of  
blowing" i s  a lso  necessary so t h a t  the p la yer  can s t a r t  and change a note  
e a s i l y  and s w i f t l y .  The i n t o n a t i o n  should be good, a lthough good p la y e rs  can 
compensate f o r  in t o n a t io n  d e f i c i e n c i e s .  Note product ion  should be c o n s i s t e n t ,  
and th e re  should not be c e r t a i n  notes ( " d u f f  no tes")  which do not sound prop­
e r l y .  I n v e s t i g a t i o n  of these musical  q u a l i t i e s  is  the concern of the a c o u s t i ­
c ia n .
Important  non-musical f e a t u r e s  in c lu d e  smoothness of s l i d e  and va lve  
a c t i o n ,  balance ,  comfort ,  we ight ,  appearance and p r i c e .  These q u a l i t i e s  are  
the concern of the manufacturer .
For the purposes of t h i s  t h e s i s ,  a b e t t e r  instrument w i l l  be considered  
to  be one in which one or more of the above ausical  q u a l i t i e s  has improved. To 
determine whether an improvement has occurred ,  some method of s u b j e c t i v e  
assessment must be used. P r a t t  (1978)  has c a r r i e d  out p io n eer in g  work in t h i s  
f i e l d .  The manufacturer  has an a d d i t i o n a l  concern. He needs to  be ab le  to
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assure customers of the cons is tency  of given instrument models. At present  
t h i s  cannot be guaranteed.
The e v o lu t io n  of a b e t t e r  ins trument w i l l  be f a c i l i t a t e d  by r a t i o n a l l y -  
based methods of designing and developing new inst rum ents .  T r a d i t i o n a l  design  
procedures have been l a r g e l y  e m p i r ic a l  r a t h e r  than s c i e n t i f i c ,  in t h a t  m o d i f i ­
ca t io ns  have been made using "cra f ts m a n 's  i n t u i t i o n "  in s tead  of an accura te
understanding of how the acou s t ics  w i l l  be a f f e c t e d .
The major i n f lu e n c e  on the acoust ics  of an ins t rument  i s  the shape of i t s  
i n t e r n a l  bore.  An understanding of the d i r e c t  r e l a t i o n s h i p  between the bore 
geometry and the acoust ics  would g r e a t l y  enhance development procedures,  but  
such a r e l a t i o n s h i p  is  not easy to  e s t a b l i s h .  In s tead ,  at tempts  have been made 
to fo rg e  l i n k s  by way of an i n t e r m e d i a t e ,  phys ical  1 y-measurable q u a n t i t y .
E a r ly  at tempts to assess brass ins truments  p h y s i c a l l y  a re  reviewed in 
Chapter 2. I n i t i a l l y  these invo lved  the measurement of resonance f req u en c ie s
(Webster,  1947) .  La te r  Kent (1956)  b u i l t  an impedance measuring d e v ice ,  and 
input  impedance then became the focus of a t t e n t i o n  f o r  many years .  Many work­
ers have been ab le  to compute n u m e r ic a l ly  the input  impedance of a given bore 
shape. The l i n k  between input  impedance and in t o n a t io n  is  now also  wel l  under­
stood (Wogram, 1972) .  However, the r e l a t i o n s h i p  between input  impedance and 
other  s u b j e c t i v e  q u a l i t i e s  is  not so c l e a r  ( P r a t t ,  197 8 ) ,  and so the l i n k  
between the bore and the acoust ic s  remains incomplete.
Returning to the m an u fac tu rer 's  requirement of guaranteed c o n s is t e n t  high  
q u a l i t y  of in s t rum ents ,  the method of phys ical  assessment of ins tr um ents
should be such t h a t  small i n c o n s is t e n c ie s  between inst ruments  can be d e te c te d .  
There are i n d i c a t i o n s  t h a t  input  impedance is  not h e l p f u l  in  t h i s  respect  
( P r a t t ,  1978, Sect ion 4 . 9 . 4 ) .  T h e r e fo r e ,  a more s u i t a b l e  method is  needed.
In t h i s  t h e s i s ,  the use of t r a n s i e n t  response as an a l t e r n a t i v e  (or  com­
plement) to input  impedance is  proposed. The aims of the research  may be o u t ­
l in e d  as fo l lo w s  :
(1) to devise a means o-f measuring a c c u r a t e ly  an approximation o-f the t r a n ­
s ie n t  response (Chapter 3 ) ;
(2) to  develop a method whereby measured t r a n s i e n t  responses are used to com­
pare inst ruments and d e tec t  in c o n s is t e n c ie s  between them (Chapter  4 ) ;
(3) to process the measured t r a n s i e n t  response in order to obtain  the t r u e
t r a n s i e n t  response, t h a t  i s ,  the response to a Dirac d e l t a  fu n c t io n  ( t h i s  
process is  termed deconvo lu t ion )  (Chapter  5),*
(4) to i n v e s t i g a t e  the d i r e c t  and inverse  r e l a t i o n s h i p s  between t r a n s i e n t
response and bore geometry (Chapter 5 ) ;
(5) to  examine l i n k s  between t r a n s i e n t  response and s u b j e c t i v e  q u a l i t y
(Chapter 6 ) .
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CHAPTER 2 
REVIEW OF THE FIELD OF RE8EARCH
This chapter  co ns is ts  of a review of the re le v a n t  l i t e r a t u r e .  Sec t ion 2.1  
conta ins  a general  summary of brass inst rument  research ,  co n cen t ra t in g  mainly  
on f requency  response.
In Sect ion 2 . 2 ,  t r a n s i e n t  measurements are discussed.  These must be pro ­
cessed in order to e x t r a c t  the  t ru e  t r a n s i e n t  response,  and var ious  methods 
f o r  doing t h i s  are exp la ined  in Sect ion 2 . 3 .
F i n a l l y  in Sec t ion  2 . 4 ,  ways of c a l c u l a t i n g  the p r o f i l e  of a duct  from 
i t s  t r a n s i e n t  response are examined; such a r e l a t i o n s h i p  provides a v a lu a b le  
l i n k  between the bore of an ins trument and i t s  ac o u s t ic a l  p r o p e r t i e s .
2.1. B r u t  Inttruaitnt Rtivtrch in th« Frtqutncy Domain
Most i n v e s t i g a t i o n s  on brass inst ruments  to date have invo lv ed  the f r e ­
quency domain. T h e r e fo re ,  al though the bulk of t h i s  th e s is  i s  devoted to  t ime  
domain work, the frequency domain research  in the f i e l d  must f i r s t  be 
reviewed.
2.1.1. Navt Motion in Brtti Inttrutontt
A brass ins t ru ment  cons is ts  of an a i r  column of vary in g  c r o s s - s e c t i o n a l  
a r e a ,  conf ined by tu b in g .  This tubing has d i s t i n c t  s e c t io n s ,  s t a r t i n g  with  the  
mouthpipev , then the main bore and f i n a l l y  the b e l l  sec t io n  (or  f l a r i n g  p a r t ) .  
The mouthpiece acts  as a coupler  between musician and in s t ru m e n t .  Brass 
in s t ruments  are  sometimes r e f e r r e d  to  as cup-mouthpiece in s t ru m en ts .
O s c i l l a t i o n s  are set  up in the inst rument when the p la y e r  blows i n t o  i t  
and h is  l i p s  v i b r a t e  w i th in  the mouthpiece cup. The frequency  of these o s c i l ­
l a t i o n s  is  c o n t r o l l e d  by the tension  and i n e r t i a  of the p l a y e r ' s  l i p s .  Most of  
the r e s u l t i n g  pressure wave is  r e f l e c t e d  back when i t  encounters the marked 
change in wave impedance at  the inst rument b e l l ;  f re qu e n c ie s  above a c e r t a i n  
l i m i t  are r a d i a t e d  out of the b e l l .  At c e r t a i n  f r e q u e n c ie s ,  c a l l e d  resonance
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f r e q u e n c ie s ,  the r e t u r n i n g  and incoming waves r e i n f o r c e  each other and a 
standing wave is  set  up; here ,  l a rg e  pressure v a r i a t i o n s  in the mouthpiece 
a c t u a l l y  a id the l i p  v i b r a t i o n ,  causing " s e l f - s u s t a i n e d  o s c i l l a t i o n s "  (a term 
coined by Benade ( 1 9 7 3 ) ) .  At other  - f requencies,  the r e f l e c t e d  wave is  com­
p l e t e l y  out of phase with the i n c id e n t  wave, producing a minimum response.  In 
a l a t e r  se c t io n  ( 2 . 1 . 2 . 5 ) ,  the f re q ue n c ie s  at which resonance occurs [ * ]  are
examined more c l o s e l y .  This model of inst rument behaviour is  termed the  
p r e s s u r e - c o n t r o l l e d  l i p - v a l v e  model.
For convenience,  wave propagat ion in brass in st ruments is  normal ly  
assumed to be p la n a r .  A.G. Webster (1919)  made t h i s  s i m p l i f y i n g  assumption 
(and var ious  o thers )  when he d er ived  the wel l-known Horn Equat ion.  I t  i s  known 
t h a t  waves t r a v e l l i n g  in a c y l i n d e r  are plane and those t r a v e l l i n g  in a cone 
are s p h e r i c a l .  However, the p r e c is e  shape of the wavefront  in a r a p i d l y  f l a r ­
ing tube cannot be c a lc u la t e d  a n a l y t i c a l l y ,  because of the n o n - s e p a r a b i l i t y  of 
the Wave Equat ion .  Benade and Jansson (1974)  undertook a close  study of t h i s  
problem. They reduced Webster 's  Horn Equat ion so t h a t  i t  became i d e n t i c a l  in 
form to  Schrf id in ger 's  Time Independent Equat ion,  and p o s tu la ted  the ex is te n c e  
of a "horn fu n c t io n  b a r r i e r "  in the f l a r i n g  p ar t  of the ins t ru m en t .  They used 
t h i s  b a r r i e r  to  es t im ate  var ious horn p r o p e r t i e s ;  the p re d ic te d  horn behaviour  
v ar ied  according to  which wavef ront  shape was assumed -  p lane or s p h e r i c a l .  
A f t e r  comparing p re d ic ted  and measured instrument behav iour,  Benade concluded  
t h a t  the t r u e  wavefront  shape a t  the b e l l  lay  somewhere between plane  and
s p h e r ic a l  because of "mode conversion" in the b e l l  re g io n .  F u r the r  i n v e s t i g a ­
t io n s  of the wavefront  have been attempted at the U n i v e r s i t y  of Surrey by 
measuring the isophase contour j u s t  ou ts id e  the inst rument b e l l  (Downes, 1980;  
Lewis,  1981) .
[ # ]  I t  should be noted th a t  the i n t e r v a l s  between resonance 
f req u en c ies  are too la rge  (up to  f i v e  tones)  f o r  musical  
purposes,* the notes between them are produced by leng th ening  the  
inst rument using va lves  or s l i d e s .
-  6 -
The accuracy o-f some o-f Benade's t h e o r e t i c a l l y  pred ic ted  r e s u l t s  could be 
quest ioned.  He used E u l e r ' s  Method f o r  a s te p -b y -s te p  numerical i n v e s t i g a t i o n ;  
yet  E u l e r ' s  Method in v o lve s  only a f i r s t  order approximation and can have a 
s i z a b l e  cumulat ive  e r r o r .  More accura te  methods e x i s t ,  eg. E u le r ' s  Improved 
Method or the Runge-Kutta Method (see,  fo r  example, Peckham, 1971).
Ranade and Sondhi (unpubl ished work, r e f e r r e d  to in Sondhi and Resnick,  
1983) have also looked at  the e f f e c t  of non-planar  wave motion. They used a 
f i n i t e - e l e m e n t  technique to so lve a two-dimensional  wave equat ion fo r  an a x i ­
a l l y  symmetric tube of v a r i a b l e  c r o s s - s e c t i o n a l  area.
2.1.2. PhyticAl A « « M * m t n t  of Imtrunintfl using Input Impedance
2.1.2.1. Introduction
A means of q u a n t i f y i n g  the a c o u s t ic a l  behaviour of brass instruments  is
e s s e n t i a l  i f  ways of improving inst ruments  are to be found. The ex is te n c e  of
resonance f req u en c ies  suggests t h a t  measurement of the frequency response of
an inst rument w i l l  be u s e f u l .  E a r l y  resonance measurements invo lved  e x c i t a t i o n
of the ins trument a t  the mouthpiece and measurement of pressure v a r i a t i o n  at
the b e l l  end, eg. J .C .  Webster (1 9 4 7 ) ,  Carmichael (1968 ) .  R.A. Smith and
D a n ie l l  (1976)  measured resonance f req u e nc ie s  by p la c in g  a microphone in the
mouthpiece and comparing the phases of the i n c id e n t  and r e f l e c t e d  waves.
Measuring input  impedance as a fu n c t io n  of f requency was subsequently
discovered  to  be a more s a t i s f a c t o r y  way of assessing inst rument response.
- 4  -1Input  impedance, Z ( f )  in  kg m s i s  the complex r a t i o  of p ressu re ,  P ( f )  to  
volume v e l o c i t y ,  U ( f ) .
Z ( f )  = P ( f )  /  U ( f )  ( 2 .1 )
When measuring input  impedance, both e x c i t a t i o n  and measurement take  p lace  at  
the mouthpiece end. The development of methods of measuring input  impedance 
w i l l  now be examined.
2.1.2.2. Measurements with Constant Input Volume Velocity
When volume v e l o c i t y  is  kept constant  in the mouthpiece,  a measurement of 
pressure response w i l l  be p ro p o r t io n a l  to  the magnitude of the input  
impedance. One way of main ta in in g  constant  volume v e l o c i t y  is  to e x c i t e  the  
instrument by feed ing a s in uso ida l  loudspeaker s igna l  of c o n t r o l l e d  constant  
ampli tude through a f i n e  c y l i n d r i c a l  c a p i l l a r y  i n t o  the mouthpiece cup. A 
probe microphone w i th in  the cup measures the ampl i tude of the r e s u l t i n g  pres ­
sure v a r i a t i o n s .  As the frequency of the loudspeaker s ig na l  is  v a r i e d ,  a char t  
recorder p l a t s  the ampl i tude of the  pressure response a g a in s t  f requency .  The 
f i r s t  such system was b u i l t  by Kent (1956)  a t  Conn Ltd.  Since then t h e r e  have 
been var io us  developments of the  system. Coltman (1968)  and Merhaut (1969)  
mainta ined constant  volume v e l o c i t y  by monitor ing the motion of a diaphragm 
which was d i r e c t l y  connected to  the loudspeaker d r i v e r .  Wogram (1972) and 
Benade (1973)  have b u i l t  systems s i m i l a r  to K e n t 's .  Backus (1976)  used a sys­
tem i d e n t i c a l  to t h a t  of Kent except  t h a t  he used a s p e c i a l l y  devised annular  
c a p i l l a r y  to connect the loudspeaker to  the ins t ru m en t .  E a r l i e r ,  Backus and 
Hundley (1971)  had used an impedance tube method. More r e c e n t l y ,  Causs6 et  al
( 1 9 8 4 ) ,  Krfiger ( 19 84 ) ,  Agul16 and Badrinas ( 1 9 8 5 ) ,  and Kergomard and Causs£
(1986)  have used methods s i m i l a r  to t h a t  of Backus.
The in ve n to rs  of the STL ionophone (Fransson and Jansson, 1978) c la im
t h a t  i t  i s  a constant  volume v e l o c i t y  source,  and Dekan (1974)  has used i t  f o r
brass instrument resonance measurements. However, Gant (19B3) found t h a t  i t  i s  
n o t ,  in f a c t ,  a constant  v e l o c i t y  source.
A l l  the above methods are l i m i t e d  by the f a c t  t h a t  volume v e l o c i t y  i s  not 
measured d i r e c t l y .
2.1.2.3. Direct Measurement of Velocity utlng Aneeoeeter
A major step forward was the es tab l ishment  of an aco u s t ic  impedance meas­
urement system at the U n iv e r s i t y  of Surrey by P r a t t  ( 1 9 7 8 ) ,  w it h  l a t e r  
developments by E l l i o t t  (1979 ) .  In t h i s  system, aco u st ic  pressure  and p a r t i c l e
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v e l o c i t y  are measured s im ultaneously  using a probe microphone and h o t - w i r e  
anemometer r e s p e c t i v e l y ,  a l lo w in g  c a l i b r a t e d  data t o r  the acoust ic  impedance,  
both modulus and phase,  to be obta in ed .  The plane of measurement is  the t h ro a t  
of the mouthpiece.  A minicomputer c o n t r o ls  the apparatus,  records the pressure  
and v e l o c i t y  d a ta ,  and c a lc u la t e s  the input  impedance from i t .  Carefu l  c a l i ­
b r a t io n  procedures are c a r r i e d  out ( P r a t t ,  E l l i o t t  and Bowsher, 1977).
The Surrey system has severa l  advantages over other  systems. One is  the  
w e l l - d e f i n e d  plane  of measurement. Other i n v e s t i g a t o r s  have used the mouth­
piece r im as the  plane of measurement. Here the volume of a i r  d isp laced  by the  
p la yers  l i p s  was n eg lec ted .  U sua l ly  the microphone was j u s t  beyond the r im,  
lead ing  to an e f f e c t i v e  in crease  in mouthpiece cup volume. Having the plane  
of measurement at  the t h r o a t  of the mouthpiece e l im in a t e s  the e f f e c t  of the  
mouthpiece cup, but the measured impedance can be modif ied to inc lu de  i t  by 
model l ing the mouthpiece cup as a lumped element ( E l l i o t t ,  1979, Sect ion  
2 . 4 . 7 ) .
The microphone and anemometer are in the same p lane ,  meaning t h a t  meas­
ured impedance is  independent of what i s  happening upstream ( E l l i o t t ,  Bowsher 
and Watkinson, 1982) .
Keefe and Benade (1981) discuss problems of source and microphone proxim­
i t y  e f f e c t s .  The source produces a lo c a l  d is turbance  caused by evanescent  
modes, and the microphone must be c a r e f u l l y  placed to avoid these .  Such prob­
lems do not a r i s e  in the Surrey system.
2.1.2.4. Coapariion of Coaputad and Haaiurad Input lapadanca Valuai
The a b i l i t y  to  p r e d ic t  the input  impedance of a given bore c o n f ig u r a t io n  
would be u s e f u l ,  p a r t i c u l a r l y  in the area of improving the design of brass 
inst ruments .  ( Ins t rum ent  design is  discussed f u r t h e r  in Chapter 6 . )  The prob­
lem is  not s t r a i g h t f o r w a r d  because of the complicated shapes of brass i n s t r u ­
ments.
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The input  impedance o-f a s imple s t r a i g h t - s i d e d  c y l in d e r  can be p re d ic te d  
by t r e a t i n g  i t  as a 2 -p o r t  network and using standard transmiss ion l i n e  
th e o ry .  Here, one must assume a l i n e a r  system and plane wave propagat ion .  For 
a lossy c y l in d e r  of length 1,
Z = Zc
Z, + Z t a n h ( v l )  
1 c
Z + Z, t a n h (Y l )  
c 1
( 2 . 2 )
Here,  Z i s  input  impedance, i s  c h a r a c t e r i s t i c  impedance, Y i s  propagat ion  
c o e f f i c i e n t ,  and Zj is  load impedance. P r a t t  (1978,  Sect ion 2 .15 )  has com­
pared measured and t h e o r e t i c a l  input  impedances f o r  a s imple c y l i n d e r .  In his  
case,  measured va lues were h ig h e r ,  but he had neg lected  to take  account of the  
presence of the mouthpiece in h is  t h e o r e t i c a l  fo r m u l a t i o n .  Watkinson (1981)  
also attempted such a comparison} an i n t e r e s t i n g  consequence of h is  work was 
the development of a technique f o r  determin ing acoust ic  losses at  tube w a l l s .
To d e r iv e  the input  impedance of a brass in s t ru m en t ,  one has to a p p r o x i ­
mate i t  as a s e r ie s  of s imple geometr ica l  shapes. The a i r  column of the  
ins trument i s  l i n e a r ,  and any l i n e a r  system can be represented  as a 2 - p o r t  
network.  The whole 2 - p o r t  network can be broken down i n t o  a succession of  
s impler  2 - p o r t  networks. One s t a r t s  at  the load end ( b e l l )  of the in s t ru m en t ;  
the input  impedance of each element i s  c a lc u l a t e d  and used to load the  next  
element u n t i l  the mouthpiece is  reached.
Much work has been done in t h i s  area .  The fundamental e lements have taken  
on var ious  shapes. Young (1960, 1966) used c y l i n d r i c a l  elements when c a l c u l a t ­
ing the input  impedance of smooth horns with no side  holes or lo sses .  P l i t n i k  
and Strong ( 1 9 7 9 ) ,  when f i n d in g  the input  impedance of an oboe, used c y l i n d r i ­
cal elements t o  approximate the con ica l  bore ,  and t r e a t e d  each as a lossy  
t ransmission l i n e .  Goodwin (1981) termed t h i s  process the "Look Back Method".  
His t h e o r e t i c a l  r e s u l t s  were comparable with  measured v a lu es ,  the g r e a t e s t  
source of e r r o r  being temperature v a r i a t i o n  -  a f a c t o r  not norm al ly  r e f e r r e d  
to  in the l i t e r a t u r e .  Wogram (1972,  Sect ion 3 .1 )  has made measurements which
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con-firm t h a t  ambient temperature  v a r i a t i o n s  have a s i g n i f i c a n t  e f f e c t  on 
instrument i n t o n a t i o n .
Some recent  researchers  have used t runcated  cones as the fundamental  e l e ­
ments -  in p a r t i c u l a r ,  Causs£ et al  (1984 ) .  Wogram (1972)  const ructed  an 
experimenta l  ins trument  co n s is t in g  of a c y l i n d r i c a l  tube and an exponent ia l  
horn, and compared measured and computed input  impedance.
. A l l  these techniques have served to  p r e d i c t  in put  impedance to  a reason­
able degree of accuracy.  In t h i s  way the acoust ics  of a given bore shape can 
be a n t i c i p a t e d  to  a c e r t a i n  e x ten t  be fore  any aco u s t ic a l  measurements are 
made.
2.1.2.5. R t l i t l o m h i p  bvtMtcn Input Xtptdanct and Playing Frtqutnciti
To examine t h i s  r e l a t i o n s h i p ,  i t  i s  necessary to look more c l o s e ly  at  how 
the p la yer  i n t e r a c t s  with the ins t rum ent .  Helmholtz (1895) suggested a l i n e a r  
i n t e r a c t i o n  whereby the l i p - v a l v e  c o l la b o r a t e d  with a s in g l e  impedance maximum 
to mainta in  a s t a b le  o s c i l l a t i o n ,  and each v i b r a t i o n a l  mode operated indepen­
d e n t ly  of o ther  modes. One would t h e r e f o r e  expect  t h a t  the e a s i e s t  f re q u en c ies  
to play  would correspond to the t a l l e s t  of the impedance maxima. This does not  
n e c e s s a r i l y  happen.
Benade and Bans (1968)  pointed out t h a t  the equat ion governing the f low  
through the  l i p  o r i f i c e  is  n o n - l i n e a r .  This leads to  a n o n - l i n e a r  i n t e r a c t i o n  
between the l i p - v a l v e  and the a i r  column, whereby severa l  impedance maxima 
c o l l a b o r a t e  with the l i p - v a l v e  mechanism. Benade c a l l s  t h i s  a "regime of 
o s c i l l a t i o n " ,  and the r e s u l t i n g  s t a b l e  o s c i l l a t i o n  co n ta in s  severa l  
h a r m o n i c a l l y - r e l a t e d  components. T h e re fo re ,  values of impedance a t  the harmon­
ic s  of the  fundamental f requency are also  im por tan t .
Worman (1971)  analysed t h i s  n o n - l in e a r  i n t e r a c t i o n  f o r  c l a r i n e t - l i k e  sys­
tems. He found t h a t  as the dynamic le v e l  of a note in c rea se d ,  the harmonics  
made up an in c reas in g  pro p o r t io n  of the sound, and t h a t  the note produced was 
more s t a b l e .  For q u ie t  p la y ing  l e v e l s ,  the l i n e a r  theory  of Helmholtz  holds
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t r u e .
F le tc h e r  (1979)  and E l l i o t t  (1979) have both re -a na ly sed  the re g e n e ra t io n  
process.  E l l i o t t  made some s i m p l i f y i n g  assumptions,  and his model was based on 
a model of speech p roduct io n .  He found t h a t  the r e l a t i v e  magnitudes of the  
"average" r e s is t a n c e  of the l i p  opening and the input  impedance of the i n s t r u ­
ment played a l a r g e  p ar t  in de termin in g  the harmonic s t r u c t u r e  of the  note  
produced.
I t  is  worth mentioning a t  t h i s  p o in t  the s i m i l a r i t i e s  which e x i s t  between
the vocal  t r a c t  and brass in s t rum e nts .  Measurements of the input  impedance of
the vocal t r a c t  a t  the l i p s  have been made -  see,  f o r  example, Schroeder  
(1967)  -  and the re le van c e  of the work on vocal t r a c t  area f u n c t io n  recovery
to the present  work on brass ins truments  w i l l  be seen l a t e r  (Sect ion  2 . 4 ) .
Wograra (1972)  in troduced the now wel l-known "Sum F unct ion" ,  c a l c u l a t e d  by 
summing the r e a l  p a r ts  of the  impedance at  the fundamental  f requency  and i t s  
i n t e g r a l  m u l t ip le s  (up to  a c e r t a i n  maximum f re q u en cy ) .  He p o s tu la te d  t h a t
f req u en c ies  of Sum Funct ion maxima, t h a t  i s ,  f req u en c ies  of maximum energy  
t r a n s f e r  from the inst rument to  the surroundings,  corresponded to p la y in g  f r e ­
quencies.  His measurements conf irmed t h i s  q u i t e  w e l l .  However, P r a t t  (1978)  
found Wogram's theory  d e f i c i e n t  as i t  was not  s a t i s f i e d  by c y l i n d r i c a l  tubes ,
and suggested a re f in em ent  whereby the dynamic le v e l  of the played note was
taken in t o  account.
2.1.3. 8ubjectiv« Aitotttont of In»tru«tnt«
In a d d i t io n  to  phys ica l  measurements, another e q u a l ly  im portant  way of 
assessing brass ins truments  i s  to f in d  out what the l i s t e n e r  or p la y e r  h im se l f  
t h i n k s .  I f  r e l a t i o n s h i p s  between s u b j e c t i v e  q u a l i t i e s  and bore shape or some 
p h y s i c a l l y  measurable a c o u s t ic a l  p r o p e r t i e s  could be e s t a b l i s h e d ,  t h i s  could  
well  pave the way towards the design of b e t t e r  ins truments C* 3 .
[ # ]  For e x p la na t io n  of " b e t t e r " ,  see Chapter  1.
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This aspect has rece iv ed  l i t t l e  a t t e n t i o n .  The only systematic s u b j e c t i v e  
stu d ie s  c a r r i e d  out on brass inst rumen ts have been at  the U n i v e r s i t y  of Surrey  
( P r a t t ,  1978; P r a t t  and Bowsher, 1978; P r a t t  and Bowsher, 1979) ,  and in  
Czechoslovakia (Melka,  1981) .
At Surrey ,  a way of q u a n t i t a t i v e l y  e v a lu a t in g  s u b j e c t i v e  q u a l i t y  has been 
sought. A survey (Edwards, 1978) i d e n t i f i e d  the most important  f a c t o r s  govern­
ing instrument  q u a l i t y  as t im bre  and respons iveness ,  and P r a t t  (1978)  
developed Semantic D i f f e r e n t i a l  Scal ing (SDS) and M ul t id im ens io na l  Sca l ing  
(MDS) techniques  f o r  assessing these q u a l i t i e s .  R.A.Smith (1984)  describes  how 
P r a t t ' s  techniques have been used to a s s i s t  g r e a t l y  in the development of a 
new Boosey and Hawkes co rn e t .  T h e i r  use fu lness was also demonstrated during an 
i n v e s t i g a t i o n  i n t o  an in t o n a t i o n  f a u l t  in  a bass trombone ( P r a t t ,  Bowsher and 
Smith, 1978) .
P r a t t  a lso sought to  r e l a t e  s u b j e c t i v e  q u a l i t y  to some p h y s i c a l l y  measur­
ab le  a t t r i b u t e ,  in t h i s  case input  impedance. However, no c le a r  r e l a t i o n s h i p  
was found; Bowsher not iced  t h a t  in c e r t a i n  cases the g r a d ie n ts  of l i n e s  j o i n ­
ing the peaks of the input  impedance curves can be used to make a f a i r  p r e d i c ­
t i o n  of the responsiveness and r ichness of tone of  trombones (see P r a t t ,  1978,  
Sect ion 4 . 7 ) ;  but the phys ica l  bas is  of such a r e l a t i o n s h i p '  i s  not apparent .  
F ur ther  d iscussion of the r e l a t i o n s h i p  between phys ica l  and s u b j e c t i v e  charac­
t e r i s t i c s  w i l l  be given in Sect ion  6 . 5 .
In recent  years ,  i t  has come to  l i g h t  t h a t  the p la y e r  h im self  can e x e r t  a 
l a r g e  in f lu e n c e  on the behaviour of an in s t ru m en t .  T h e re fo re ,  in the l a t e s t  
work by Bowsher (1983,  1984) and Simpson (1983)  th e  emphasis has changed from 
making accura te  phys ica l  measurements of the inst rument  alone to  study ing  the  
ways in which the  sound product ion can be c o n t r o l l e d  by the p l a y e r .  A c om pli ­
cated model of the c o n t ro l  s t r u c t u r e  governing the p l a y e r / i n s t r u m e n t  i n t e r f a c e  
has been formula ted  by Bowsher ( 198 3 ) .  However, t h i s  t h e s is  has concentra ted  
s o l e l y  on the in s t ru m e n t ,  r a t h e r  than the p la y e r / i n s t r u m e n t  combinat ion.
2.1.4. Suflffiary of Section 2.1
In t h i s  s e c t i o n ,  the research done on brass inst ruments  has been b r i e f l y  
reviewed.  The n o n - l i n e a r  va lve mechanism and the ex is tence  of resonance f r e ­
quencies has been descr ibed .  The problem of the wavefront  in f l a r i n g  reg ions  
has been examined. The useful  q u a n t i t y  of input  impedance has been discussed.  
Many attempts have been made to measure i t  and c a l c u l a t e  i t .  The in f l u e n c e  of 
the n o n - l i n e a r  reg en era t io n  mechanism on the r e l a t i o n s h i p  between input
impedance and p la y ing  frequenc ie s  has been seen. The s u b je c t i v e  q u a l i t y  of 
brass ins truments  and i t s  r e l a t i o n s h i p  with phys ical  c h a r a c t e r i s t i c s  i s  an 
important  area which has received l i t t l e  a t t e n t i o n  to date.
2.2. Tint Domain
2.2.1. Introduction
Time domain measurements of system response have become i n c r e a s i n g l y  
popular  in recent  years .  The measurements invo lved  are s im ple r  and less  t im e -  
consuming than those in the frequency domain. In a d d i t i o n ,  they may be cheaper  
than s t e a d y - s t a t e  swep t -sine  measurements, s ince  anechoic f a c i l i t i e s  are not  
necessary.  Fast  data a c q u i s i t i o n ,  storage and a n a ly s is  have been made p o s s ib le  
by the a v a i l a b i l i t y  of f a s t ,  low-cost  d i g i t a l  computers.
In a recent  review of t r a n s i e n t  measurements by Downes (1 9 8 5 ) ,  the t h r e e  
main types of t r a n s i e n t  measurements were i d e n t i f i e d  as impulse measurements,  
tone burst  measurements, and t ime de lay  spectrometry .  Here the emphasis is  
s p e c i f i c a l l y  on impulse measurements, t h a t  i s ,  measurements in which the t e s t
s igna l  i s  an impulse.  Before d iscuss ing the q u a n t i t y  of " impulse response" in  
more d e t a i l ,  some examples w i l l  be given of areas in acou s t ic s  where t ime  
domain techniques  have been used.
Impulses have been used in acoust ic  measurements fo r  we l l  over two c en tu ­
r i e s .  Some of the e a r l i e s t  experiments in v o lv in g  impulses were c a r r i e d  out by 
members of the P a r is  Academy in 1738; canons were f i r e d ,  and the r e t a r d a t i o n
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o-f the r e p o r t s  at  d i f f e r e n t  d is tan ce s  was used to determine the v e l o c i t y  o-f 
sound in -free a i r  (see Barton,  1908) .  In 1855, Thomas Young was reported  to  
have used p r i m i t i v e  impulses (exp los ions  and stamping o-f -feet) to i n v e s t i g a t e  
the acoust ics  o-f passages and rooms (Wood, 1940) .  Barton (1908) noted the  
phenomenon o-f the "musical echo"; a s i n g l e  impulse in c id en t  on a number o-f 
e q u id i s t a n t  p a r a l l e l  r e f l e c t i n g  sur faces  may be converted in to  a succession of 
r e f l e c t e d  pu lses ,  which is  perce ived  as a short  musical note.  This can be 
observed when walking past an over lap p in g  wooden fence ,  or c lapping hands in 
f r o n t  of a f l i g h t  of steps.  Richardson (1927)  repor ted  t h a t  in 1921, Langevin  
in troduced u l t r a s o n i c  echo-sounding as a means of determining the depth and 
nature  of the sea-bed.
In a r c h i t e c t u r a l  a co u s t ic s ,  im pu ls iv e  s ig n a ls  have been used to  f i n d  the  
impulse responses of a u d i t o r i a .  Other usefu l  q u a n t i t i e s  such as the frequency  
response and r e v e r b e r a t io n  t ime can be der ived  from the impulse response (Bar ­
ron,  1984) .  Barron discusses s u i t a b l e  forms of impulse s ig n a l .  Impulse sources  
have inc luded p i s t o l s ,  bal loon e x p lo s io n s ,  spark sources and loudspeakers  
dr iven  by a pulse g enera tor .
Before low-cost  d i g i t a l  computers were so r e a d i l y  a v a i l a b l e ,  Louden 
(1971)  was using a simple s i n g l e - p u l s e  technique to measure transmiss io n  p ro ­
p e r t i e s  of var io u s  acoust ic  systems. His approach was to  photograph o s c i l l o ­
scope t ra c e s  of the input  and response s i g n a l s ,  and compare t h e i r  c a l c u la t e d  
F o u r ie r  components.
To overcome problems of inadequate s i g n a l - t o - n o i s e  (S-N) r a t i o ,  some 
i n v e s t i g a t o r s ,  f o r  example, Berkhout e t  a l  (1980) proposed t h a t  the source be 
a loudspeaker d r iven  by a 1ong-dura t ion  computer-generated s ig na l  c o n ta in in g  
a l l  f re q u en c ies  of i n t e r e s t .  The techn ique  of using the computer to generate  a 
des i red  impulse shape has been t r i e d  f o r  var io us  a p p l i c a t i o n s .  Aoshima (1981)  
has used an extension  of t h i s  technique to  measure speaker response,  sound 
r e f l e c t i o n  and sound a t t e n u a t io n .  The impulse shape can be synthes ised  in such
a way t h a t  the frequency response of the acoust ic  t ransducer i s  taken in to  
account (Davies et  a l , 1981; Sa l ikudd in  et  a l , 1984) .
Berman and Fincham (1977)  have obtained the frequency response of 
loudspeakers by d i r e c t  measurement of impulse response.  Downes and E l l i o t t
(1985) have developed a s i m i l a r  technique to  e va lu a te  responses of micro ­
phones. Merhaut (1986) has used impulse measurements to determine the f r e ­
quency response and e l e c t r i c a l  impedance of a loudspeaker d r i v e r  loaded with  
an " i d e a l "  i n f i n i t e  horn.
Impulse measurements have been c a r r i e d  out on the vocal t r a c t  to d e t e r ­
mine i t s  area fu n c t io n  (Sondhi and Resnick,  1983; Descout et  a l , 1976) .  These 
w i l l  be discussed in more d e t a i l  in Sect ion 2 .4 .
2.2.2. Tint Domain Work on Wind In»trum*nt*
Some of the f i r s t  publ ished work on impulse measurements on brass i n s t r u ­
ments appears to be t h a t  of Krttger (1 979 ) .  His aim was to diagnose response  
d e f i c i e n c i e s  of var ious  instruments in terms of the r e f l e c t i o n s  from w i t h in
the in s t ru m en t ,  measured at  the in p u t .  Impulses were generated using an STL 
ionophone (Fransson and Jansson, 1978) placed in the mouthpiece. The 
r e f l e c t e d  s ig na l  was measured using a 1/4" microphone placed in the mouth­
p ie ce .  In a s e r i e s  of simple measurements, Krtiger showed how small  m o d i f i c a ­
t io n s  to the instrument  a f f e c t e d  the r e f l e c t i o n  p a t t e r n ,  f o r  i n s t a n c e ,  a hole  
in  the bore of less than one m i l l i m e t r e  introduced an e x t r a  r e f l e c t i o n  of 
l a r g e  am pli tude .  The s t rength  of the r e f l e c t i o n  from the b e l l  end was shown to  
vary depending on the shape of the b e l l .  P layers  found t h a t  wi th  in s tr um ents  
whose b e l l s  produced weak b e l l  r e f l e c t i o n s ,  i t  was d i f f i c u l t  to  m ain ta in  a 
steady tone.  More r e c e n t l y ,  Krttger (1984) has re tu rned  to  assessing inst rumen t  
response using frequency domain measurements.
At the U n iv e r s i t y  of Surrey ,  P r a t t  (1978) and E l l i o t t  (1979)  f i r s t  
approximated the impulse response by inverse  F o u r ie r  t ran s fo rm in g  t h e i r  f r e ­
quency domain measurements of input  impedance and t r a n s f e r  f u n c t i o n .  Crude
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i n i t i a l  measurements o-f impulse response were made by slapping the mouthpiece  
o-f the at tached  instrument with the palm o-f the hand, measuring pressure v a r i ­
a t io n  in the mouthpiece, and d is p la y in g  the r e s u l t  on an o s c i l lo s c o p e .  Wogram
(1972,  Sect ion 2 . 2 . 1 . 3 )  had used a s i m i l a r  technique ,  but measured the
response at  the b e l l .  L a t e r ,  more ser ious  attempts to measure the impulse  
response were made by Soodwin ( 1 9 8 1 ) ,  who designed and b u i l t  a s imple  
co m p u te r -co n t ro l led  apparatus (Goodwin and Bowsher, 1980) .  Here,  a spark 
source in troduced an impulse i n t o  the inst rument mouthpiece and a probe micro­
phone in the mouthpiece detected  the re - f lec ted  s i g n a l .  The a m p l i f i e d  micro­
phone s igna l  was sampled and stored in the computer in d i g i t i s e d  form. D i f ­
f e r e n t  f e a t u r e s  from w i th in  the inst rumen t bore could c l e a r l y  be i d e n t i f i e d  
from Goodwin's da ta .  His apparatus has since  undergone severa l  re f inem ents  
which w i l l  be discussed in Chapter 3. Goodwin proposed the use of var ious  s i g ­
nal processing techniques on the r e s u l t i n g  measurements. He also  at tempted to  
use h is  data records to re co n s t ru c t  the inst rument bore shape using techniques  
p r e v io u s ly  used f o r  vocal t r a c t  area fu n c t io n  c a l c u l a t i o n .  The ex te n t  to  which 
his at tempts a t  re c o n s t ru c t io n  were successful  w i l l  be discussed l a t e r  in Sec­
t io n  2 . 4 . 5 .  Chapter  5 of t h i s  t h e s i s  i s  devoted to a thorough a n a ly s is  of the  
same su b je c t .
Benade and J.H .  Smith (1981)  made pulse r e f  1ectometry measurements of 
tubas.  One m ot iva t in g  f a c t o r  was t h a t  Benade (1976)  had p r e v io u s ly  proposed 
t h a t  premature bore r e f l e c t i o n s  damaged tone onset ,  making the ins trument  hard 
to  blow or " s t u f f y " .  Their  exper im enta l  apparatus also in co rp o ra ted  a spark 
source at  the mouthpiece r im,  with  an e l e c t r e t  microphone to  pick up the  
r e f l e c t e d  s i g n a l .  Low-pass f i l t e r s  reduced e l e c t r i c a l  noise and the s ig n a l  was 
fed in t o  a r e a l  t ime ana lyser .  Measurements revea le d  a poor impulse shape 
caused by mouthpiece r in g in g  and r e f l e c t i o n s  w i t h in  a small c a v i t y  between the  
impulse source and the mouthpiece. An FFT was a pp l ied  to the t ime record of a 
tuba,  and Benade and Smith assumed t h a t  t h i s  r e s u l t e d  in the input  impedance.
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Sect ion 2 . 2 . 3  w i l l  show t h a t  t h i s  is  not n e c e s s a r i l y  5 0 . Benade and Smith 
■found t h a t  the p o s i t io n s  o-f the - f i r s t  -few impedance peaks corresponded well  
with p lay in g  -frequencies at  q u ie t  p lay in g  l e v e l s ;  t h i s  agrees with  Helmholtz  
theory (Sect ion  2 . 1 . 2 . 5 ) .  They compared t h e i r  -frequency responses with the  
tuba input  impedance response measurements of Causs^ et al  ( 19 84 ) .  The com­
parison was reasonable except f o r  e r r o r s  in Benade's r e s u l t s  at  higher f r e ­
quencies caused by a de fe c t  in the synchron is a t ion  of the apparatus.
Benade l a t e r  b u i l t  a new version  of h is  impulse apparatus using lo w -cas t
components ( I b i s i  and Benade, 1982) .  The spark source was rep laced  by a small  
p i e z o e l e c t r i c  disk  bonded to the end of a 2 - c e n t im e t r e  s ec t io n  of tube .  The 
equipment was used to determine the  input  impedance of the  vocal t r a c t  
(Benade, 1985) .  The impulse was fed i n t o  the vocal t r a c t  and the r e s u l t i n g  
pressure response was F o ur ie r  t ran sform ed.  Here,  Benade was i n v e s t i g a t i n g  the  
e f f e c t  of the p l a y e r ' s  vocal t r a c t  on the p lay in g  p r o p e r t i e s  of wind i n s t r u ­
ments (Benade and Hoekje,  1982) .
R ec en t ly ,  Is h ib a sh i  and Idogawa (1986)  have rep o r ted  measurements of the  
input  impulse response of bassoons.
M c In ty r e ,  Schumacher and Woodhouse (1983)  have publ ished  an im portant  
paper in which they fo rm ula te  a simple t ime domain model which d e scr ib es  the  
behaviour of n o n - l in e a r  musical o s c i l l a t o r s .  The model i s  v e r s a t i l e  and can be 
extended to  many musical in s t rum ents .  T h e i r  i n v e s t i g a t i o n s  so f a r  have 
invo lved  the  c l a r i n e t ,  v i o l i n  and f l u t e .  Using a computer , mouthpiece pressure  
and volume f low r a t e  can be s imulated  in the t ime domain, given the n o n - l i n e a r
f low c h a r a c t e r i s t i c  and the r e f l e c t a n c e  (d e f in e d  in Sec t ion 2 . 2 . 3 ) .  The gen­
e r a l  model n eg lec ts  reed dynamics, but these have been included  in an e a r l i e r  
paper by Schumacher ( 198 1 ) ,  and would be important  i f  the model were to  be 
app l ied  to  brass inst ru ments.  McIn tyre  e t  a l  have suggested t h a t  a c cu ra te  
measurements of r e f l e c t a n c e  (and n o n - l i n e a r  c h a r a c t e r i s t i c s )  a re  needed to  
extend the use of t h e i r  model. In the  l i g h t  of t h i s ,  Hoekje and Benade (1986)
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have r e c e n t l y  reported  work on the de te rm in a t io n  of the  r e f l e c t a n c e  of 
c y l in d e r s  and musical ins t rum ents .
This s ec t io n  has shown t h a t  through the work of se vera l  i n v e s t i g a t o r s ,  
cons id erab le  progress has been made in the realm of t ime domain work on wind 
inst ruments -  both exper imenta l  and t h e o r e t i c a l .  The p re c is e  meaning of 
impulse response is  discussed in the next  s ec t io n .
2.2.3. Inpulti Response
For l i n e a r ,  c a u s a l , t i m e - i n v a r i a n t  systems, as de f in ed  in Rabiner and 
Gold (1975,  Sect ions 2 .4  and 2 . 5 ) ,  the impulse response i s  g e n e r a l l y  def ined  
as the response when the input  i s  the Dirac d e l t a  f u n c t i o n  or id ea l  impulse.  
The impulse response,  h ( t )  p rovides  a complete d e s c r i p t i o n  of the response of 
the system in t h a t  i t  can be used to  determine the response,  g ( t )  f o r  any 
given in p u t ,  f ( t ) .  The f o l lo w i n g  co n vo lu t io n a l  r e l a t i o n s h i p  e x i s t s .
g ( t ) = f ( t )  *  h <t ) ( 2 .3 a )
th a t  i s  [# ]
g ( t )  = J f ( t - t )  h ( t ) dt  ( 2 .3 b )
where t denotes t ime d e lay .  For f i n i t e  d i s c r e t e  s i g n a l s ,  t h i s  i n t e g r a l  can be 
approximated by the summation,
n
g(n)  = E f ( n - i  + 1) h ( i )  ( 2 . 4 )
i = 1
By the Convolut ion Theory,  c o nvo lu t io n  in the t ime domain i s  e q u iv a le n t  
to m u l t i p l i c a t i o n  in the frequency domain. T h e re fo r e ,  i f  F (w ) ,  G(w) and H(w) 
are the F ou r ie r  t ransforms of f ( t ) ,  g ( t )  and h < t ) r e s p e c t i v e l y ,  then
G(w) = F ( w) H( w) ( 2 . 5 )
Any d e f i n i t i o n  of impulse response f o r  a brass ins t ru ment  must be made
with care .  For c l a r i t y ,  i t  i s  necessary to  s p e c i f y  in p u t  s i g n a l ,  input
[ *3  Here,  denotes convolut ion
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c o n d i t i o n ,  and p o s i t i o n  at  which the response is  measured. Three d e s c r ip t io n s  
of impulse response have been given .
(1) Inverse Fourier transform of tranifer function.
Defined in the -frequency domain, the t r a n s f e r  funct io n  is  the complex 
r a t i o  of pressure seen at the  output  of the instrument to  pressure at the  
i n p u t .  For measurements made at  the U n i v e r s i t y  of Surrey,  the output p o s i t io n  
i s  taken to be one b e l l  rad iu s  from the end of the inst rum ent ,  and the input  
p o s i t io n  is  the t h r o a t  of the  mouthpiece. E l l i o t t  (1979) def ined  the impulse  
response as the  pressure seen one b e l l  rad iu s  from the end of the ins trument  
when a p e r f e c t  d e l t a - f u n c t i o n  of pressure is  generated at  the t h r o a t  and p res ­
sure maintained at  zero t h e r e a f t e r ,  i e .  the input  i s  te rm in a ted  with  zero  
impedance (open end) .  E l l i o t t  measured the t r a n s f e r  fu nc t ion  in the frequency  
domain, windowed i t  and inverse  F o u r ie r  t ransformed to ob ta in  the impulse  
response.
The other two d e s c r ip t io n s  in v o lv e  response measurements at  the input  of 
the inst rument  r a t h e r  than the output .
(2) Inverse Fouritr t n n t f o r t  of tht input leptdtnce.
From the d e f i n i t i o n  of in put  impedance given in equat ion ( 2 . 1 )  (Sec t io n  
2 . 1. 2 . 1),
Z ( f )  = P ( f )  /  U ( f )
P ( f )  = Z ( f )  U ( f )  ( 2 . 6 )
and the Convolut ion Theorem, i t  may be seen t h a t  input  pressure as a f u n c t io n  
of t ime can be expressed as the convo lu t ion  of the inverse  t rans fo rm  of input  
impedance and input  volume v e l o c i t y ,  i e .
p ( t )  = z ( t )  *  u ( t ) •  ( 2 . 7 )
z ( t )  must t h e r e f o r e  be the pressure a t  the input  as a fu n c t io n  of t im e in  
response to a d e l t a - f u n c t i o n  of volume v e l o c i t y  app l ied  a t  the in p u t .  Var ious
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workers have used an open c i r c u i t  input  c o n d i t io n ,  as opposed to the short  
c i r c u i t  co n d i t io n  of the previous t r a n s f e r  f u n c t io n  case [ # ] .  E l l i o t t  (1979)  
and Goodwin (1981)  both s t a t e  t h a t  the  input  should be r i g i d l y  te rm in ated  with  
an i n f i n i t e  impedance, th a t  i s ,  any pressure  w i l l  be t o t a l l y  r e f l e c t e d  in 
phase. Goodwin s t a t e s  that  "the input  must be o p e n - c i r c u i t  or no s igna l  w i l l  
be seen". Schumacher (1981) ,  in h is  t ime domain work on the c l a r i n e t ,  a lso  
def ine s  a c e r t a i n  "impulse response fu n c t io n "  as the F o u r ie r  t rans form of the  
input  impedance, and seems to imply t h a t  f o r  t h i s  f u n c t i o n ,  the mouthpiece  
behaves as a closed end. C e r t a i n l y ,  in Benade's t ime domain measurements of 
vocal t r a c t  input  impedance (Sect ion  2 . 2 . 2 ) ,  the source co n d i t io n  was l i k e  
t h a t  of an open c i r c u i t ,  because of the f l a t  p i e z o e l e c t r i c  impulse source.  
However, the input  condi t ion  of Sondhi and Gopinat.h (1971a)  was d i f f e r e n t ;  
they measured pressure and v e l o c i t y  a t  the l i p s  using an impedance tube which 
e f f e c t i v e l y  removed source r e f l e c t i o n s .
Most d e f i n i t i o n s  of input  impedance do not in c lu de  a c l e a r  s p e c i f i c a t i o n  
of input  co n d i t io n  f o r  e i t h e r  the  frequency or t ime domains. Sect ion 2 . 1 . 2 . 3  
mentioned t h a t  when independent frequency domain measurements of p ressure and 
volume v e l o c i t y  are made at  the input  p lan e ,  the input  impedance i s  indepen­
dent of co n d i t io n s  upstream of t h a t  p lane;  so in t h a t  case,  the c l a r i f i c a t i o n  
of input  co n d i t io n s  is  less im p o r tan t .  However, input  impedance in the t ime  
domain cannot be independent of source c o n d i t io n s ,  because source r e f l e c t i o n s  
c l e a r l y  i n f lu e n c e  the pressure measured at the in p u t .  Thus, a p r e c is e  s p e c i f i ­
ca t io n  of input  con d i t io n s  is  e s s e n t i a l .
Even when source condi t ions  are assumed to be c o n s i s t e n t l y  o p e n - c i r c u i t  
f o r  measurements of input  impedance in both t ime and frequency domains, i t  is  
d i f f i c u l t  to  understand the p rec ise  r e l a t i o n s h i p  between them in q u a n t i t a t i v e  
terms.  In frequency ,  independent measurements are made a t  each frequency  wi th  
s t e a d y - s t a t e  con d i t io n s  in which t h e r e  is  a co n t in u a l  i n t e r a c t i o n  between
[ * ]  Here,  "open c i r c u i t "  means the opposite  of "open end".
-  21 -
incoming and outgoing waves. For a given Frequency, the * r e s u l t  w i l l  be the  
same over an i n f i n i t e  t ime per io d .  However, in t ime domain measurements, a 
s in g le  brie-f measurement provides in-formation over the e n t i r e  Frequency range.
Despite the diFFerence between the methods oF measuring Z(F)  and z <t ) ,  
both q u a n t i t i e s  contain the same inFormation and are simply r e l a t e d  by F ou r ie r  
t ran s F o rm at io n .
(3) R«Fltctanc«
Here th e re  is  no ambiguity  about source c o n d i t io n s .  The source must be a
perFect  absorber,  t h a t  i s ,  the source impedance must equal the c h a r a c t e r i s t i c  
impedance at the inst rument  in p u t .  ReFlectance [ # ] ,  deFined in the t ime  
domain, i s  the pressure at  the o r i g i n  in the r e F le c t e d  (or l e F t - g o i n g )  wave 
when the pressure at  the o r i g i n  in the in c id e n t  (or r i g h t - g o i n g )  wave was a 
d e l t a - F u n c t i o n . Resnick (1988,  p . 34) deFines r e F le c ta n c e  as t h a t  gen era l is e d  
Funct ion which,  when convolved with the input  pressure waveForm, y i e l d s  the  
re F le c te d  pressure waveForm. Schumacher (1981) p o in ts  out t h a t  re F le c ta n c e  
should dimin ish  to  zero more r a p i d l y  than input  impedance ( in  t ime)  because oF 
the absence oF source r e F l e c t i o n s .  In p r a c t i c e ,  the reF le c ta n c e  oF a brass  
ins trument  takes a long t ime to decay because oF m u l t i p l e  r e F l e c t i o n s  w i t h in  
the ins t rument .
Which oF the above is  the c o r r e c t  d e F i n i t i o n  oF impulse response is  not  
c l e a r j  however, a l l  t h r e e  are acceptab le  d e F i n i t i o n s  oF t r a n s i e n t  response.  
ReFlectance i s  the q u a n t i t y  which r e c e iv e s  most a t t e n t i o n  in t h i s  t h e s i s .
To determine the t r a n s i e n t  response From independent measurements oF
in put  s ignal  and response (or ou tput)  s i g n a l ,  i t  i s  necessary to  perForm the  
process oF deconvolut ion or in ve rse  co nv o lu t io n .  Var ious Forms oF t h i s  process  
w i l l  be discussed in the next s e c t io n .
[ * ]  ReFlectance has also  been termed " r e F l e c t i v i t y  Fu n ct io n " .
-  £ *  -  .
2.2.4. Summary of Section 2.2
In t h i s  s e c t i o n ,  t i n e  domain measurements of ins t rument  response have 
been considered and been seen to  be an acceptab le  a l t e r n a t i v e  t o  f requency  
domain measurements. The u t i l i s a t i o n  of t r a n s i e n t  methods in many branches of  
a c o u s t ic s  to  da te  Mas d iscussed.  Time domain i n v e s t i g a t i o n s  of Mind i n s t r u ­
ments have been attempted by v a r io u s  i n v e s t i g a t o r s ;  the  simple measurements of  
Krf lger ,  Goodwin, and Benade e t  a l  Mere reviewed.  The t h e o r e t i c a l  model of  
M cIn ty re  et  a l  was descr ibed;  t h i s  t ime domain model can be used to  p r e d i c t  
the  acoust ic  behaviour of v a r io u s  types of in s t ru m en ts ,  i n c l u d i n g  brass  
in s t ru m en ts .  F i n a l l y ,  the problem of f i n d i n g  a s u i t a b l e  d e f i n i t i o n  of impulse  
response f o r  a brass inst rument was discussed at  len g th .
2.3. Deconvolution Methods
Some deconvo lut ion methods which can be app l ied  to  d i s c r e t e  f i n i t e  causal  
s i g n a l s  f o r  a l i n e a r  t i m e - i n v a r i a n t  system are surveyed.  An a n a l y s i s  of th e  
degree of success of such methods w i l l  be given in Chapter 5.
2.3.1. TI b c  Domain Deconvolution
This method is  based on a simple rearrangement of the  terms w i t h i n  the  
co nvo lu t io n  sum,
n
g (n) = E f  ( n - i  + 1) h ( i ) , 
i = l
so t h a t  h can be c a lc u la t e d  when f  and g are known. The general  p r i n c i p l e  can 
be understood by looking a t  the f i r s t  few steps of the process.
g( l )  = f (1) h (1) so h (1) = g( l )  /  f (1) (2.8a)
g (2) = f  < 1) h (2) + f (2) h (1)  so h (2 )  = ( g ( 2 ) - f ( 2 ) h (1) ) /  f (1> ( 2 . 8 b )
C a lc u l a t i o n  of h (2) is  now p o s s ib le  since  h (1) is  known.
g (3) = f (1) h (3) + f (2) h (2)  + f (3) h ( l ) ,  so ( 2 . 8 c )
-  /o >  -
h (3) = ( g (3) -  f (2) h (2) -  f ( 3 )  h ( l )  ) /  f ( l )
As h ( l )  and h(2)  are known at  t h i s  p o i n t ,  h(3)  can be c a l c u l a t e d ,  and so on. 
Each success ive value of h can be c a lc u l a t e d  using the h-va lu es  a l rea d y  found.
This i s  an unstable method of deconvolut ion  (see Sect ion 5 . 2 . 2  f o r  exam­
ples  of r e s u l t s ) .  When i n i t i a l  va lues of f and g are very close or equal to  
zero ,  the r e s u l t i n g  small denominators cause s i g n i f i c a n t  e r ro r s  in the f i r s t  
few values of h; these a f f e c t  a l l  l a t e r  values of h, causing the f i n a l  s o lu ­
t io n  to  be one which has o s c i l l a t i o n s  of ever  in c rea s in g  ampli tu de .  The prob­
lem i s  t h e r e f o r e  " i l l  co n d i t io n ed "  or " i l l  posed". The presence of noise in 
the measured s ig n a ls  also  in t roduces  e r r o r .
Sondhi and Resnick (1983) have attempted to overcome these i n s t a b i l i t y  
problems by in t ro d u c in g  a method of r e g u l a r i s a t i o n  based on s in g u la r  value  
decomposit ion.  Another form of r e g u l a r i s a t i o n  is  used in Sect ion  5 . 2 . 2 . 1 .
2.3.2. Frequency Domain Dmconvolution
Sect ion  2 . 2 . 3  s ta te d  t h a t  co nvo lu t io n  in  t ime becomes m u l t i p l i c a t i o n  in  
f requency ,  such t h a t
G(w) = F ( w) H U ) .  ( 2 .5 )
The frequency  response is  t h e r e f o r e
H U )  = G U )  /  F U ) , ( 2 . 9 )
and t h i s  i s  the bas is of f requency domain deconvo lu t io n .  The measured input  
and response s i g n a l s ,  f ( t )  and g ( t )  a re  F o u r ie r  t ransformed i n t o  the f requency  
domain. The spec t ra  are div id ed  and the r e s u l t  i s  in ve rse  F o u r ie r  t rans formed  
back i n t o  the t ime domain. The process of o b ta in in g  the spectrum of a t ime  
signa l  in v o lv e s  two steps -  windowing and a d i s c r e t e  F o u r ie r  t ran s fo rm .
2.3.2.1. Ditcrmtm Fourimr Transform and Fa«t Fourimr Transform
The d i s c r e t e  F o u r ie r  t ran sform  (DFT) is  the F o u r ie r  r e p r e s e n t a t i o n  of a
sequence of f i n i t e  d u r a t io n ,  f o r  a l i n e a r  s h i f t - i n v a r i a n t  [ * ]  system (Lynn,
[ * ]  S h i f t - i n v a r i a n t  is  to d is c r e t e  s ig n a ls  what t i m e - i n v a r i a n t  is  
to cont inuous s ig n a l s .  !
-  24  -
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I t  i s  not norm al ly  eva luated  d i r e c t l y  because of the ex is tence  of the
Fast F o u r ie r  t rans form  (FFT) set of a lg o r i th m s .  The FFT g r e a t l y  increases the
e f f i c i e n c y  of the DFT c a l c u l a t i o n ,  s ince the computat ion t ime is  reduced from
2
being p ro p o r t i o n a l  to N to becoming roughly p r o p o r t io n a l  to N log N, where N 
i s  the  number of p o in ts  to be F o u r ie r  t ransformed.
One g e n e r a l l y  dea ls with p u re ly  re a l  f i n i t e - 1 e n g t h  sequences, and fo r  
these ,  the DFT has the f o l lo w in g  symmetry p r o p e r t i e s :  i t s  rea l  p ar t  and 
modulus are p e r i o d i c  even sequences, and i t s  imaginary p a r t  and phase are  
p e r i o d i c  odd sequences. T h e re fo re ,  i f  one h a l f  of the spectrum is  known, the  
other h a l f  can be reconstructed  from i t .  Consequently,  i t  i s  only necessary to 
show one h a l f  of the spectrum f o r  d is p la y  purposes.
2.3.2.2. Windowing
Before the DFT of the sampled t ime s igna l  i s  found, i t  i s  necessary to  
window i t .  Windowing is  the process of m u l t ip l y i n g  the  data sequence by a 
weight ing  sequence.
Windowing can be used to shorten a given sequence to  a des ired  l e n g t h ,  or 
to remove u n d es i rab le  f e a t u r e s  from the end of the s i g n a l ,  f o r  in s t a n c e ,  
r e f l e c t i o n s  from the w a l ls  of a room (Downes, 19B5). Beauchamp and Yuen (1979,  
p p . 157-159)  have found the theory  of t h i s  method of windowing u n s a t i s f a c t o r y  
f o r  the f o l l o w in g  reasons.  I t  does not conserve power. The weight in g  ap p l ie d
is  d i f f e r e n t  f o r  d i f f e r e n t  data po in ts }  yet  each data element has the same
var ia n ce  and each should be given equal we ight .
D espite  these arguments, windowing is  widely used. I t s  g e n e r a l l y
accepted purpose is  to  reduce leakage of sp e c t r a l  energy from one frequency  
i n t o  ad ja cent  f r e q u e n c ie s .  The problem of leakage is  in h e ren t  w ith  any f i n i t e  
data re c o rd ,  because to make i t  f i n i t e  a r e c ta n g u la r  window must be a p p l i e d ,
'  25 -
and t h i s  r e s u l t s  in convolut ion of the spectrum wi th the sine - funct ion.
The DFT o-f the ideal  window would be the d e l t a  - funct ion,  which would have 
no e f f e c t  on the spectrum,  but t h i s  is impossible to achieve.  The desi red win­
dow DFT w i l l  have a t a l l  narrow cen t r a l  lobe and n e g l i g i b l e  s ide lobes.  Nor­
mal ly these two - features cannot occur t og e t he r .  The Hanning window is  gen­
e r a l l y  regarded as the optimum compromise,  and so has been the main one used 
in t h i s  work.
D i s c o n t i n u i t i e s  in the t ime sequence cause spec t r a l  r i p p l e  and should be 
avoided ( F . J .  H a r r i s ,  1978) .  The hal-f Hanning window t aper s  the s i gna l  to
zero,  thus removing any e n d - d i s c o n t i n u i t y .
In t h i s  work,  the main mot i va t i on  -for windowing was to shorten the data  
record to a pre-determined number o-f samples,  say N, so t h a t  an N-po i n t  FFT 
could be per formed.  The maximum t ime -for which the inst rument  response is  
requi red  i s  the t ime taken -for the impulse to t r a v e l  -from the input  to the  
b e l l  and back to the input  j u s t  over twice  (see Sect ion 5 . 4 . 1 . 3 ) .  The act ual  
response cont inues wel l  beyond t h i s  t ime.  Windowing was a lso o cc a s i o n a l l y  used 
to remove source re-f 1 ec t i ons .
2.3.2.3. ProbltAB with Frtqutncy Doiiin Deconvolution
The method of d i v i d i n g  the DFT of  the response sequence by the DFT of the  
input  sequence does not appear in most of the s i gna l  processing l i t e r a t u r e  as 
a recognised method of deconvolut ion,  al though the equat ion from which i t  i s  
der ived ( s t a r t  of Sect ion 2 . 2 . 3 )  i s  wel l  known.
In a d d i t i o n ,  f requency domain deconvolut ion is  a technique which does not  
appear to have been widely used. Some i n v e s t i g a t o r s  of vocal  t r a c t  impulse
response have i n v e s t i g a t e d  i t ;  Descout et  al  (1976) found t h a t  i t  gave "mean­
i n g f u l "  r e s u l t s  but  did not pursue i t  because in t h e i r  case the f requency  
r e s o l u t i o n  was not s u f f i c i e n t .  Resnick (1980)  at tempted a method i n v o l v i n g  the  
d i v i s i o n  of Laplace t ransforms;  he encountered problems wi th noise and event u ­
a l l y  opted f o r  the t ime domain deconvolut ion technique mentioned e a r l i e r
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(Sect ion 2 . 3 . 1 ) ,
Si lverman and Pearson (1973)  reason t h a t  -frequency domain deconvolut ion  
w i l l  only produce a d i r e c t  s o l u t i o n  in i d e a l i s e d  cases in which G(w) and F ( w) 
contain a l l  p e r t i n e n t  - f requencies.
Noise c o n s t i t u t e s  the main problem when a t tempt i ng  -frequency domain 
deconvolut ion.  When noise i s  present  and s p e c t r a l  values at  high f r equenc i es  
are low,  then d i v i s i o n  of spect ra  leads to d i s t o r t e d  values at  high f r equen ­
c i es .  This d i s t o r t i o n  in f requency r e s u l t s  in a d i s t o r t e d  deconvolved t ime  
record.  I n v e s t i g a t i o n s  of these i ssues are discussed more f u l l y  in Sect ion
5 . 2 . 3 .
One poss i b l e  way of removing the undes i rab l e  e f f e c t s  of noise i s  to use 
some form of d i g i t a l  f i l t e r i n g  to the data sequence so t h a t  the noise can be 
removed before  deconvolut ion proceeds.  One problem wi th t h i s  approach i s  t h a t  
the s pe c t r a l  d i s t r i b u t i o n  of the noise i s  not known. Noise does not occur in a 
w e l l - d e f i n e d  f requency band. I t  occurs throughout  the spectrum and t h e r e f o r e  
in the same par t  of the spectrum as the s i gna l  i t s e l f .  Thus, f i l t e r i n g  out  
noise w i l l  i n e v i t a b l y  lead to loss of some impor tant  high f requency components 
of the s i g n a l .
Lat er  the way in which s i gna l  averaging can improve the  S-N r a t i o  i s  d i s -  
cussedj  i t  i s  not ,  however,  s u f f i c i e n t  to remove the noise problem a l t o g e t h e r .
A poss i b l e  s o l u t i on  to the noise problem in f requency domain deconvolu­
t i o n  i s  the use of r e s t o r a t i o n  a l go r i t hms ,  which are discussed in Sect ion
2 . 3 . 5 .
2.3.3« Constrained Iterative Method!
Constrained i t e r a t i v e  methods are  used to improve the q u a l i t y  of a d i s ­
t o r t e d  f u n c t i o n ,  eg. a s ignal  or image, p r o g r e s s i v e l y .  A p r i o r i  knowledge of  
p r o p e r t i e s  of the f unc t i on  i s  combined wi th t he  d i s t o r t e d  approx i mat i on t o  the  
f u n c t i o n .  I t e r a t i o n s  r e s u l t  in convergence towards an improved s o l u t i o n .  In 
Sect ion 2 . 3 . 5 ,  such techniques are used in s i gna l  r e s t o r a t i o n .  In t h i s
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sec t i on ,  they are used to car ry  out deconvolut ion.
F i r s t ,  a genera l i sed  i t e r a t i v e  procedure -for the recovery o-f a d i s t o r t e d  
signal  i s  descr i bed,  and then the way in which i t  can be appl i ed to deconvolu­
t i on  i s  shown. The general  s i t u a t i o n  can be represented mat hemat ica l l y  by
g = Hf ( 2 . 10 )
where f i s  the unknown input  s ignal  to be recovered,  g is  the measured 
response s i g n a l ,  and H is  a known d i s t o r t i o n  operator  (Schafer  et  a l ,  1981) .  
When i t  i s  not poss ib le  to f i n d  the inver se  operat or  H * ,  one a l t e r n a t i v e  
approach i s  the method of successive approximat ions to f .  This i nvo l ves  the  
use of an i t e r a t i o n  equat ion,
f ( k + 1) = Df (k) ( 2 . 1 1 )
Here,  D i s  an operator  which i s  dependent  on H and may i ncor por a t e  c o n s t r a i n t s  
based on a p r i o r i  known p r o p e r t i e s  of f .  These p r o p e r t i e s  can be expressed in 
terms of a c o n s t r a i n t  operator  C, so t h a t
f = Cf ,  ( 2 . 12 )
t ha t  i s ,  any given f w i l l  be modi f i ed as necessary by operator  C so t h a t  i t  
s a t i s f i e s  the requi red c o n s t r a i n t s .  T he r e f o r e ,
g = HCf ( 2 . 13 )
From these express ions ,  the f o l l o w i n g  basic f u n c t i o n a l  equat ion can be formed
f  = Cf + #*(g-HCf) , ( 2 . 14 )
from which the f o l l ow i n g  i t e r a t i o n  equat ion i s  obt a ined,
* f k+l )  = D f (k) '  ^  * P* < k ) ’ Where P ” n-,,H1C (2.15)
V i s  a parameter  which can be used to cont ro l  the r a t e  of convergence and I i s  
the i d e n t i t y  opera t or .  Schafer  et  al  (1981)  use the " c o n t r a c t i on  mapping 
theorem" to prove tha t  i f  D (or P) are  " c o n t r ac t i on  mappings",  then the pr o ­
cedure converges to a unique s o l u t i o n  f o r  f .
-  2 8  -  . .
For a l i n e a r  s h i f t - i n v a r i a n t  system wi th known impulse response h,
g = h * f ( 2 . 16 )
and the problem becomes deconvolut ion of i nput  s ignal  f .  The f a l l o wi n g  i t e r a ­
t i o n  f o r  const ra ined i t e r a t i v e  deconvolut ion can be used:
f = fiq + fi*cf ( 2 . 17 )
( k  + 1)  y ( k )
where £ = £-**h, and 6 i s  the u n i t  impulse.
Schafer  et  al  (1981)  have i n v e s t i g a t e d  the c o n s t r a i n t s  of f i n i t e  dur a t i on
and p o s i t i v i t y ,  and the c o nd i t i ons  necessary f o r  a convergent  s o l u t i on  in each
case.
So f a r ,  the discussion in t h i s  sec t i on  has involved the recovery of sys­
tem input  from measured response and impulse response,  and perhaps some a
p r i o r i  knowledge of the i npu t .  Const rained i t e r a t i v e  deconvolut ion can a l so be 
used to recover  the impulse response from the measured response and system 
i np u t .  Descout et  al  (1976)  used such a technique to recover  the impulse  
response of a vocal  t r a c t .  The i r  approach was to minimise the square of the  
e r r o r  between the rea l  response of the system g ( n ) ,  and the response §(n)  
pr ed i c t ed  by convolut ion of the i nput  s i gna l  f ( n )  wi th the est imated impulse  
response h ^ ^ ( n ) .
$(n)  = f  (n) *  h,  4 (n) ( 2 . 18 )
(m)
n
= E f  ( n - i  + 1 ) h ( i ) e(n). < ( m) /i = l
= ($(n)  -  g ( n ))  ^
where e(n)  i s  the e r r o r  squared.  The f o l l o w i n g  i t e r a t i o n  equ a t i o n ,  based on 
the "grad i ent  ( o p t i m i s a t i o n )  method" was used to obt a in  the next  ( ( m+1 ) th ) 
est i mat e  of h ( n ) .
h / (n) a h.  , ( i )  + k € (n) f ( n - i  + 1) (m+1) (m) ( 2 . 1 9 )
Here,  k i s  a c a r e f u l l y  chosen feedback c o e f f i c i e n t .  Descout et  al  found t ha t  
about 100 i t e r a t i o n s  were necessary to produce a good 20 - p o i n t  impulse  
response.
At Surrey a simple const ra ined i t e r a t i v e  deconvolut ion a l gor i t hm has been 
implemented,  which makes use of the f o l l o w i n g  i t e r a t i o n  equat ion,
h <k* l )  = V ,  + 1/(1 D , « -  * *  " ( I c) '  <2- 2(5)
Here g, f and h are non-zero in the ranges 0 to ( n - 1 ) ,  0 to (m-1) ,  and 0 to
( 1 - 1 )  r e s p e c t i v e l y , such t ha t  n, m, and 1 s a t i s f y  the s i z e  c o n s t r a i n t s  d i s ­
cussed l a t e r  (Sect ion 2 . 3 . 6 . 1 ) .  The operator  D i s  such t h a t  Dx moves to the
point  in x at  which f i s  a maximum and counts 1 elements forward t h e r e a f t e r ,  p 
i s  a parameter  which i s  chosen to ensure convergence and may a lso cont r o l  the  
r a t e  of convergence.  The proposed i t e r a t i o n  equat ion above does not  
correspond e x a c t l y  wi th the genera l i sed  i t e r a t i o n  equat ion of Schafer  et  al  
(1981)  which would be
h <k+n  = c h (ki + ■“ « '  f * c h <k)> (2- 21>
where C i s  the c o n s t r a i n t  opera t or .  Fur ther  d iscussion of t h i s  a l g o r i t h m ,
t oget her  wi th r e s u l t s  of i t s  a p p l i c a t i o n  w i l l  be presented in Sect ion 5 . 2 . 4 .
2.3.4. Othtr Htthodi of Deconvolution
2.3.4.1. C»pitr*l Deconvolution (Quefrency Domain Deconvolution)
The cepstrum can be def ined in two ways. The power cepst rum,  the o r i g i n a l
q u a n t i t y  def ined by Bogert  et  al  ( 1963 ) ,  i s  the i nverse  F o u r i e r  t r ans f or m of
the l o g a r i t hmi c  power spectrum.  However,  here the c o n p l e x  cepstrum i s  d i s ­
cussed,  which i s  def ined as the i nverse  Fo ur i e r  t ransform of the complex l o g a ­
r i thm of the complex spectrum. The complex cepstrum r e t a i n s  phase i n f or ma t i o n
which i s  l o s t  in the power cepstrum,  and in t h i s  respect  i s  more u s e f u l .
To f i n d  the complex cepstrum of a given t ime s i gna l  f ( t ) ,  the f o l l o w i n g  
steps are c a r r i e d  out:
-  3 0  -
(1) Four ier  trans-form to obt a in  the complex spectrum,
F(w) = a(w) + ib(w)  = A(w)' e x p ( i 0 ( w) )  ( 2 . 22 )
where a and b are the rea l  and imaginary components r e s p e c t i v e l y ,  and A
and 0 are the ampl i tude and phase.
(2) Take the complex na t ur a l  l ogar i t hm o-f F(w)
In F(w) a in A(w) + i 0 ( w) ( 2 . 23 )
Here,  the rea l  and imaginary components o-f the log spectrum are In A(«)
and 0(«)  r e s p e c t i v e l y .
(3) I nverse Four i e r  trans-form i n t o  the que-frency domain to form the cepstrum.
Before the i nver se  Four i e r  t r ans - f ormat i on , i t  i s  necessary to c a r r y  out phase 
unwrapping and removal of the l i n e a r  phase component,  because the phase f unc ­
t i o n  must be cont inuous r a t he r  than modulo 2n when c a l c u l a t i n g  the complex
cepstrum.  Phase unwrapping can sometimes present  problems.
Cepst ra l  deconvolut ion i nvo l ves  the f o l l o w i n g  t hree  steps:
(1) t ransf orming the s ignal  i n t o  i t s  cepstrum,
(2) per forming some e d i t i n g  opera t i on  in the cepstrum,  eg.  s u b t r a c t i o n ,  
" l i f t e r i n g "  ( the c eps t r a l  e q u i v a l en t  of spec t r a l  f i l t e r i n g ) .
(3) t ransf orming back i n t o  the t ime domain,* t h i s  i nverse  o p e r a t i o n  i n v o l v e s  a 
forward Four i e r  t r ansform,  r e s t o r a t i o n  of any l i n e a r  phase component t ha t  
was removed when the cepstrum was being formed,  complex e x p o n e n t i a t i o n ,  
and an i nverse  Four i e r  t ransf orm.
The p o t e n t i a l  use of c e p s t r a l  deconvolut ion to recover  the impulse  
response can be understood i f  the measured response g ( t )  i s  considered as the  
convolut ion of the input  f ( t )  and the impulse response h ( t ) .  By the Convolu­
t i on  Theorem t h i s  t ransforms to m u l t i p l i c a t i o n  in the f requency domain.  . In  
the log spectrum,  the m u l t i p l i c a t i o n  becomes a sum
In G(w) = In F( w) + ln  H(w) ( 2 . 2 4 )
This a d d i t i o n  i s  maintained in the complex cepstrum because of t he  l i n e a r i t y
of the F our i e r  t r ans f orm.  I f  the cepstrum of e i t h e r  f ( t > or h <t ) i s  known, and 
i s  subt r acted  from the cepstrum of g ( t ) ,  t h i s  c o n s t i t u t e s  deconvol ut i on .  For
i n v e s t i g a t i o n  of brass inst rument  impulse response,  an accur at e  knowledge of  
f ( t )  and g ( t )  should enable h ( t )  to be recovered by c e p s t r a l  deconvol ut i on .  
However,  the process tends to be unstable  in p r a c t i c e .  The normal way of  
proceeding i s  to remove the f e a t u r e s  caused by the system (eg.  echoes) from 
the cepstrum of g ( t ) ,  perform an inverse  cepstrum,  and thus obt a i n  a good 
est i  mate of f ( t ) .
This technique has been app l i ed  in many f i e l d s  such as seismology,  speech 
processing and echo removal (Brdlel and K j a e r ,  1981; Qppenheim and Schaf er ,  
1975) ,  but has not yet  been used in brass inst rument  i n v e s t i g a t i o n s .
2.3.4.2. Crott Correlation
The cross c o r r e l a t i o n  of two s i gna l s  f ( t )  and g ( t )  i s  a measure of the  
dependence between them, and i s  def ined as
The a u t o c o r r e l a t i o n  of a s ignal  f  ( t )  i s  a measure of the dependence between 
i t s  values at  d i f f e r e n t  t imes,  and is  def ined as
The a u t o c o r r e l a t i o n  of a wideband noise s i gna l  i s  appr ox i mat e l y  a d e l t a  f un c ­
t i o n ,  and t h i s  suggests an a l t e r n a t i v e  way of  f i n d i n g  the impulse response of  
a system. When the input  s ignal  i s  wideband no i se ,  then the cross c o r r e l a t i o n  
of t h i s  input  wi th the response w i l l  be p r o p o r t i o n a l  to the impulse response.  
This i s  a r e s u l t  of the Wiener-Lee r e l a t i o n  which w i l l  now be d e r i v e d .
The convo l u t i ona l  r e l a t i o n s h i p  between i nput  f ( t ) ,  impulse response h ( t )  
and response g ( t )  can be w r i t t e n  as
C ( 2 . 25 )
j f ( t )  g ( t + t )  dt
( 2 . 2 6 )
f ( t )  f ( t + x )  dt
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g ( t )  -Jh  ( v ) f ( t - v )  dv (2.27)
g <t +T)  ^Ji i fv)  f  ( t  + T~v)  dv
Cross c o r r e l a t i o n  of g ( t )  wi th f ( t )  gives
C ( t )  = f ( t ) h ( v )  f ( t + T - v )  dv dt  
f g ^
(2.28)
This i s  the Wiener-Lee r e l a t i o n  and s t a t e s  t ha t  the cross c o r r e l a t i o n  between 
the input  and response i s  the convol ut i on  of the impulse response wi th the 
a u t o c o r r e l a t i o n  of the i np u t .  For a wideband noise i n p u t ,  the a u t o c o r r e l a t i o n  
i s  a d e l t a  f u n c t i o n ,  so
and the impulse response i s  produced (Beauchamp and Vuen, 1979,  p . 205 ) .  
(Here,  T i s  a c o n s t an t . )  Schroeder (1979)  has used t h i s  method to determine  
the impulse response of a concer t  h a l l .  However,  the method i s  i n a p p r o p r i a t e  
f or  f i n d i n g  the impulse response of brass inst ruments  because then the  
response i s  measured at  the i n p u t .  The input  s i gna l  i s  cont inuous,  and so i t  
w i l l  be impossible  to make a measurement of g ( t )  which is  independent  of f ( t ) .
2.3.4.3. Xnvtrit Filtering
So f a r  a t t e n t i o n  has been concent ra ted  on the case in which the response  
and input  s i g n a l s  are known, and deconvolut ion i s  used to f i n d  the impulse  
response.  However,  sometimes the impulse response and response s i gna l  are  
known and deconvolut ion i s  r e q u i r ed  to c a l c u l a t e  the input  s i g n a l .  One such 
t echnique which i s  commonly used i s  i nver se  f i l t e r i n g ;  t h i s  i s  e s s e n t i a l l y  the  
same as f requency domain deconvolut ion discussed in Sect ion 2 . 3 . 2 ,  wi th the  
same i nherent  problems.  In t h i s  se c t i o n  some of the methods used to overcome 
these problems are discussed;  these methods may a lso prove usef u l  in f requency
(2.29)
= r  h ( t )
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domain deconvolut ion.
An example o-f a f i e l d  in which inverse  f i l t e r i n g  has been appl i ed  is
image r e s t o r a t i o n .  Here,  the response is  a two-dimensional  image which has
been degraded by var ious d i s t o r t i o n s  and noise in the o p t i c a l  system. The d i s ­
t o r t i o n  phenomena can be r epresent ed by the "point  spread f u n c t i o n " ,  which is  
the two-dimensional  eq u i v a l e n t  of the impulse response f u n c t i on  ( the response  
of the system when the i nput  i s  a point  source of l i g h t  considered as the  
Di rac d e l t a  f u n c t i o n ) .  The degraded image i s  the convol ut i on of the o r i g i n a l  
und i s t o r t ed  image wi th the po i n t  spread f u n c t i o n ,  wi th noise added. Let  f ( x , y )  
be the o r i g i n a l  image, g ( x , y )  be the d i s t o r t e d  image,  h ( x , y )  be the po i n t
spread f u n c t i o n ,  and n ( x , y )  be the noise.  Then
g ( x , y )  « b ( x , y )  + n ( x , y )  where ( 2 . 30a )
b ( x , y )  = h ( x , y )  *  f ( x , y )  ( 2 . 30b)
Deconvolut ion i s  necessary to determine the o r i g i n a l  image given the d i s t o r t e d
image and the point  spread f u n c t i o n .
Inverse  f i l t e r i n g  at tempts a p e r f e c t  r e s t o r a t i o n  E*3.  F o u r i e r  t r a n s f o r ­
mat ion of the above two equat ions gives
G(w,<r) S B ( w, cr) + N ( w, cr) ( 2 . 31a )
B(w,«r) = F ( w,<r) . H(w,<r) ( 2 . 31b)
where w and cr represent  the x and y s p a t i a l  f r equenc i es .  The a ppr ox i mat i on ,  
f ( x , y )  to the o r i g i n a l  image i s  obta ined by d i v i s i o n  and i n ver se  F o u r i e r  
t r ans f o r mat i o n
f ( x , y) = F_ 1 (G/H) = f ( x , y) + f “ J (N/H) ( 2 . 32 )
f o r  H(w,cr) i- 0.  There are two main problems wi th t h i s  t echni que .  The f i r s t  i s
[ *3  In c o n t r a s t ,  the i t e r a t i v e  r e s t o r a t i o n  a l gor i t hms ,  t o  be 
discussed in the next  s e c t i o n ,  at tempt  a gradual  improvement of  
image q u a l i t y .
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t ha t  at  high - f requencies,  H normal l y  decreases r a p i d l y ,  so noise at  high -fre­
quencies w i l l  be enhanced. Secondly,  H o-ften has zeroes,  and d i v i s i o n  by zero  
causes the method to break down. J . L .  H a r r i s  (1966)  has suggested a way of 
overcoming these drawbacks,  namely,  m u l t i p l y i n g  equat ion ( 2 . 32 )  by a f unc t i on  
Hg before  d i v i d i n g  by H.
f ( x , y )  = F_ 1 ( (BH_ + NH ) / H  ) ( 2 . 33 )
’ 1 0 0
Hg i s  c a r e f u l l y  chosen so t ha t  i t  i s  zero when B is  dominated by N, to reduce
high f requency noise ,  and so t h a t  H_/H is  f i n i t e  wherever H is  zero.  Sondhi0
( 1972 ) ,  in his review of image r e s t o r a t i o n  t echniques,  f i n d s  t h a t  H a r r i s ' s  
method i s  not e n t i r e l y  s a t i s f a c t o r y ,  as H^  i n t roduces  f u r t h e r  d i s t o r t i o n .
Schafer  et  al  (1981)  s imply set  the quo t i en t  of the t ransforms to zero  
for  f r equenc i es  higher  than a c e r t a i n  l e v e l  where the Four i e r  t r ansform H 
becomes too smal l .  They noted t h a t  such abrupt  b a n d l i mi t i n g  can cause a d d i ­
t i o n a l  unwanted l a r ge  o s c i l l a t i o n s  in the spectrum.  In Sect ion 5 . 2 . 3 . 3 ,  a 
s p ec t r a l  windowing technique analogous to t ha t  of Schafer  et  al  was used to 
help overcome f requency domain deconvolut ion i n s t a b i l i t y  problems.
2.3.S. Restoration Algorithm*
Rest ora t i on  can be considered as the process of improving the q u a l i t y  of 
a s i gna l  (or image) by combining the incomplete measured data wi th a p r i o r i  
known p r o p e r t i e s  of the signal  (or image) .  In Sect ion 2 . 3 . 3  i t  was shown how 
such a l gor i t hms can form a means of deconvol ut i on.  To date most r e s t o r a t i o n  
algor i t hms have been used to improve image q u a l i t y .  However,  a r e s t o r a t i o n  
a l gor i t hm could a lso help solve the problem of d i s t o r t i o n  int roduced by noise  
in f requency domain deconvolut ion.  I t  could r e s t o r e  the high f requency sec t i on  
of the deconvolved spectrum wi thout  the d i s t o r t i o n .  Some of the e x i s t i n g  r e s ­
t o r a t i o n  a l gor i t hms w i l l  now be examined.
-  35 -
2.3.5.1. Btrchbcrg-Papoulif Algorithm
Gerchberg (1974)  proposed a method whereby the r e s o l u t i o n  of an o p t i c a l
image could be improved by extending the spectrum beyond i t s  known l i m i t s .  I f  
the ob j ec t  f u n c t i on  is f i n i t e  in e x t e n t ,  then a given sect ion of complex spec­
trum can be extended beyond i t s  known l i m i t s .  This is  because a f i n i t e  f unc ­
t i on  has an a n a l y t i c  spectrum; a known f i n i t e  segment of an a n a l y t i c  f unc t i on  
can,  in p r i n c i p l e ,  be used to determine the whole of the r e s t  of the f u n c t i o n .
In p r a c t i c e ,  a p e r f ec t  r e c o n s t r u c t i o n  of the spectrum to a new upper  
l i m i t  cannot be achieved using i mper f ec t  da t a .  Gerchberg i nstead at tempted to 
converge i t e r a t i v e l y  on an extended spectrum of p r o g r e s s i v e l y  improving q u a l ­
i t y .  His a l gor i t hm assumes p r i o r  knowledge of the f o l l o w i n g  two c o n s t r a i n t s :
(1) a f i n i t e  segment of spectrum,
(2) the f i n i t e  l i m i t s  of the corresponding a b j e c t .
The a l gor i t hm is  summarised in F igure  2 . 1 .  The known po r t i on  of spectrum,  wi th  
spect r a l  values outs i de  i t s  range i n i t i a l l y  set  to zero ,  i s  inverse  Fo ur i e r  
t ransformed.  The r e s u l t i n g  ob j ec t  i s  set  to zero out s i de  i t s  known f i n i t e  l i m ­
i t s  -  t h i s  i s  the a p p l i c a t i o n  of the second c o n s t r a i n t  -  and forward Four i e r  
t ransformed.  The f i r s t  c o n s t r a i n t  i s  then appl i ed  by g i v i ng  the c o r r e c t  values
to the por t i o n  of the generated spectrum in which the t r ue  spectrum i s  known. 
This procedure i s  repeated u n t i l  convergence has been achieved.  Convergence i s  
t ested f o r  by ensur ing t ha t  the est imated and known spec t ra  over the range of  
the known spectrum are s u f f i c i e n t l y  c l ose .  In a d d i t i o n ,  the ob j ec t  es t i mat e
outs ide  the known ob j ec t  l i m i t s  should be n e g l i g i b l e .
Gerchberg e x p l a i ns  t ha t  convergence must occur by d e f i n i n g  an "e r r or  
energy" as e i t h e r
(1) the ob j ec t  energy outside the known obj ec t  e x t e n t ,  or
(2) the d i f f e r e n c e  f unc t i on  energy between the est imated and t r u e  spectrum
over the range of known spectrum.
He shows how t h i s  e r r o r  energy i s  reduced at  each stage of the i t e r a t i o n .  The
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Figure 2.1
8ch«initic Representation of th« Gerchberg Algorithm
S t a r t
Yes
S u f f i c i e n t  
i t e r a t i  ons£
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Forward FFT 
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I nverse  FFT to  
obta in new t i  me 
r ecord ,  f ( t ) .
Modi fy f ( t )  by s e t t i n g  
i t  to  zero out s i de  i t s  
known f i n i t e  l i m i t s .
Modi fy F(w) by rep l ac i ng  the  
app r o p r i a t e  par t  wi th the o r i g i n a l  
f r e q u e n c y - l i m i t e d  spectrum.
S t a r t  wi th known 
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t h i s  f requency  
range,  s p e c t r a l  
values are i n i t ­
i a l l y  set  to zero.
reduct i on  i s  i n i t i a l l y  r a p i d ,  but becomes more slow as the l i m i t  i s  
approached.  This convergence can only occur wi th p e r f e c t  da t a .  Noisy and d i s ­
t o r t e d  data can sever e l y  upset  the procedure,  and can cause the  a l go r i t h m to  
diverge !  Gerchberg has devised a scheme whereby the i l l  e f f e c t s  of  d i s t o r t i o n  
can be s u b s t a n t i a l l y  reduced.
Papoul i s  (1975)  provided a more mathemat i ca l l y  r i gorous  t rea t ment  of  the  
Gerchberg a l g o r i t h m ,  and proposed a new use f o r  i t ,  namely,  t he  the e x t r a p o l a ­
t i o n  of a band l i mi t ed  f unc t i on  f ( t )  beyond i t s  o r i g i n a l  l i m i t s ,  and computa­
t io n  of i t s  spectrum F(w) .
Image r e s t o r a t i o n s  of the Gerchberg-Papoul is  (G-P) type have generated  
cons i der ab l e  i n t e r e s t ,  and var i ous  impor tant  p o t e n t i a l  a p p l i c a t i o n s  have been 
suggested.
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2.3.5.2. Hcthod of Projection* onto Convox Set* (POCB)
Youla (1978)  developed a g e n e r a l i s a t i o n  of the G-P a l gor i t hm.  He showed 
t ha t  i t  has a na t ur a l  geomet r i ca l  i n t e r p r e t a t i o n ,  and can be fo rmul a t ed  in 
terms of l i n e a r  or thogonal  p r o j e c t i o n s  onto l i n e a r  subspaces.  This p i c t u r e  
served to c l a r i f y  some of the l i m i t a t i o n s  of the G-P a l gor i t hm (Youla and 
Webb, 1982) .  The G-P a l g o r i t h m,  being e x c l u s i v e l y  l i n e a r ,  cannot i nc o r p o r a t e  
nonl i near  c o n s t r a i n t s ,  and must t h e r e f o r e ,  in gener a l ,  operate  wi th incomplete  
i n f o r ma t i on .  This can lead to an' excessive number of r equi red  i t e r a t i o n s ,  and 
the a l go r i t hm may prove i n e f f e c t i v e  in the presence of noise .  Youla and Webb
proposed t h a t  an a l gor i t hm based on the method of p r o j e c t i o n s  onto convex sets
(POCS) would overcome some of the l i m i t a t i o n s  of the G-P a l gor i t hm;  the advan­
tages of the  POCS method are t h a t  i t  enables many a p r i o r i  n o n l i n e a r  con­
s t r a i n t s  to be i n c o r p o r a t e d , and ensures convergence.
Sezan and Stark  (1982)  have appl i ed  the method of POCS to var i ous  simu­
l a t e d  images.  They have tended to use the f o l l o w i n g  four  c o n s t r a i n t s  on the  
signal  f to be r es t or ed:
(1) space c o n s t r a i n t s :  f must vanish outs ide  a prescr i bed  r e g i o n ,
(2) F our i e r  t ransf orm c o n s t r a i n t s :  the Fou r i e r  t ransf orm of f  must assume a 
prescr i bed  set  of values w i t h i n  a c e r t a i n  region of the F o u r i e r  p l a ne ,
(3) energy c o n s t r a i n t s :  the energy contained in f  must not exceed a c e r t a i n  
limit,
(4) l e v e l  c o n s t r a i n t s :  the ampl i tude of f  must l i e  w i t h i n  a p r e scr i b ed  i n t e r ­
va l .
The POCS a l gor i t hm i s  a general  a l gor i t hm;  the G-P a l g o r i t h m i s  a spec i a l  
case of POCS which i nvo l ves  the f i r s t  two of the four  a f orement ioned con­
s t r a i n t s .
Sezan and Stark (1983)  have found t h a t  the performance of the POCS a l g o ­
r i t hm is  super i o r  to t ha t  of the G-P a l gor i t hm in the presence of noi se .
The problem of the onset  of " s a t u r a t i o n " ,  t h a t  i s ,  t he  po i n t  at  which.
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r e s t o r a t i o n  becomes very slow indeed,  seems to be unavoidable in a l l  cases.  A 
possi b l e  way o-f overcoming t h i s  i s  proposed in the next sec t i on .
2.3.5.3. Comp»n«ition for Slow Convergence
Jones (1986)  has -formulated a d i s c r e t e  vers ion o-f the Gerchberg a l g o ­
r i t hm.  The d i s c r e t e  t ime f unc t i on  and i t s  d i s c r e t e  Four i e r  t ransf orm are  
represented as column vectors  
\
f =
0
N- l
( 2 . 34 )
and
N- l
( 2 . 35 )
D i s c r e t e  F our i e r  t r ans f o r mat i on  becomes p r e m u l t i p l i c a t i o n  by a square mat r i x  ft 
of dimension N. The two column vect ors  are each d iv i ded  i n t o  t h r ee  p a r t i t i o n s  
as f o l l ows :
wi th f g  of dimension s,  f 1 of dimension q, and f n of dimension ( N - s - q ) j
( 2 . 3 6 )
F = ( 2 . 3 7 )
wi th Fg of dimension ( N - k ) / 2 ,  Fj  of dimension ( 2k+ l )  and F^ of dimension
( N - k - l ) / 2 .  These p a r t i t i o n s  induce a p a r t i t i o n i n g  of ft i n t o  nine p a r t i t i o n
mat r i ces .  I f  f_ and f_ are f i x e d ,  and F_ and F_ are known, then the d i s c r e t e0 2 0 2
Gerchberg a l g or i t h m can be used to determine F  ^ and f ^ .  Jones proves t h a t
convergence to a unique r e s u l t  i s  guaranteed provided
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q + 2k + 1 £  N, ( 2 . 38 )
in other  words,  there  must be at l e a s t  as many f i x e d  F ' s  as unf i xed f ' s .
However,  the r a t e  of convergence is  dependent on the l a r g e s t  e i genvalue
f
of the mat r ix  1/N where ft i s  the c e n t r a l  p a r t i t i o n  mat r ix  of
ft. Eigenvalues may l i e  between 0 and 1, Eigenvalues c lose to 1 lead to a very  
slow r a t e  of convergence,  and the phenomenon of " s a t u r a t i o n "  mentioned e a r -  
1 i e r .
Jones proposes an a c c e l e r a t i o n  procedure f o r  cases where t he r e  are only a 
few e i genva l ues  c lose to 1. These e igenvalues may be i d e n t i f i e d  and a p p r o x i ­
mated from r e s u l t s  of  e a r l i e r  i t e r a t i o n s .  Corresponding e i genvect or s  may then 
also be c a l c u l a t e d .  These e i genvect ors  and e i genva l ues  are used to form a 
c o r r e c t i o n  term,  which,  when added to the r e s u l t s  of the Gerchberg i t e r a t i o n ,  
produce a b e t t e r  approximat ion to the c o r r ec t  r e s u l t .  For p r e c i s e  d e t a i l s  of  
t h i s  a c c e l e r a t i o n  procedure,  see Jones (1986) .
In Sect ion 5 . 3  some r e s u l t s  of the above a l g o r i t h m are presented.
To the best  of the a u t h o r ' s  knowledge,  the present  work c o n s t i t u t e s  the
f i r s t  i ns t ance  in which r e s t o r a t i o n  a lgor i t hms have been used in a c ous t i c s .
2.3.6. Msasursasnt of Input and Output 8ignals
2.3.6.1. Constraint! on 8ii« Rssulting froa Convolution Proportiss
The measured input  and response s i gna l s  are  f i n i t e  d ur a t i o n  sequences,  
and thus i nvo l ve  l i n e a r  convo l u t i on .  I t  can be shown t h a t  c i r c u l a r  c onvo l u t i on  
of two p e r i o d i c  sequences f p ( i )  ant* per iod n can be c a r r i e d  out  by
m u l t i p l i c a t i o n  of t h e i r  DFT's f o l l owed by i nver se  F our i e r  t r a n s f o r ma t i o n  
(Rabiner  and Gold,  1975,  p . 59 ) .
f ( i )  *  h ( i )  = g ( i )  ( 2 . 3 9 a )
P P *P
F (k) . H (k) c G (k) ( 2 . 39b)
P P P
[*3 " t  " denotes "complex c on j uga t i on" .
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A given per i od i c  sequence and i t s  r e l a t e d  f i n i t e  dur a t i on  sequence 
(corresponding to one per iod)  share the same DFT. This suggests a way of p e r ­
forming l i n e a r  convol ut i on  of f i n i t e  sequences.  The response sequence g  ^( i ) of  
the above c i r c u l a r  convolut ion has per iod n, the same as the two i nput s .  This  
means t h a t  to obta in  a f i n i t e  du r a t i on  response sequence g ( i )  of per iod n, the  
two sequences f ( i )  and h ( i )  must a lso be of length n. Zeroes must be appended 
to f ( i )  and h ( i )  to s a t i s f y  t h i s  cond i t i on  f o r  the f o l l o w i n g  reason.  I f  the  
d ur a t i on  of f ( i )  i s  m samples,  i e .  f ( i )  i s  non-zero in the i n t e r v a l  l<n<m, and 
the dura t i on  of h ( i )  i s  1 samples,  i e .  h ( i )  i s  non-zero in the i n t e r v a l  i<n<_l , 
then d i r e c t  l i n e a r  convolut ion w i l l  y i e l d  g ( i )  of dur a t i on  n *  m+1-1 samples.  
To make f ( i )  and h ( i )  up t o  ( m + l - l ) - p o i n t  sequences,  the a p p r o p r i a t e  number of 
zeroes must be appended. I f  t h i s  i s  not done, wraparound d i f f i c u l t i e s  occur .
To summarise,  the f o l l o w i n g  c o n s t r a i n t s  must be app l i ed  dur ing l i n e a r  
convolut ion of f i n i t e  dur a t i on  sequences:
(1) n = m+1-1,
(2) a l l  t h r ee  sequences must be of dura t i on  n, which i nvo l ves  appending the  
a p p r o p r i a t e  number of zeroes to f ( i )  and h ( i ) .
When measuring the response of brass ins t ruments ,  these c o n s t r a i n t s  mean
t ha t  the combined length  of f ( t )  and h ( t ) must not exceed the length  of  g ( t ) .  
I d e a l l y ,  the measurement of  g ( t )  should proceed u n t i l  the s i gna l  has died out  
s u f f i c i e n t l y  to become n e g l i g i b l e .  This takes a cons i derab l e  t ime wi th  brass  
i nst ruments because of m u l t i p l e  r e f l e c t i o n s  t r a v e l l i n g  back and f o r t h  w i t h i n  
the ins t r ument .  This t imesca l e  is  too long f or  p r a c t i c a l  purposes,  so a 
shor t e r  measurement must be made.
In a d d i t i o n ,  the measurement of f ( t )  should be as shor t  as p o s s i b l e .  In
p r a c t i c e  the input  pulse has a negat i ve  overshoot  which takes a long t ime to
decay to n e g l i g i b l e  p r op or t i ons .  To s a t i s f y  the c o n s t r a i n t s ,  the process of 
windowing (see Sect ion 2 . 3 . 2 . 2 )  i s  used to cut  down the t ime records to the  
c o r r e c t  l en g t hs ,  but i n e v i t a b l y  t h i s  w i l l  i n t roduce  e r r o r  i n t o  the deconvolu­
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t i on  r e s u l t s .
2.3.6.2. Htthod of Independent Mctture«enti of Input and Response
Independent  measurements of input  and response are necessary f or  deconvo­
l u t i o n .  In the brass inst rument  case,  the input  and response are both measured 
at  the i n p u t ,  and t h e i r  separa t i on i s  not e n t i r e l y  s t r a i g h t f o r w a r d .
Sondhi and Resnick (1983) encountered the same problem when measuring the  
t r a n s i e n t  response of the human vocal  t r a c t  at  the l i p s .  The i r  apparatus is  
i l l u s t r a t e d  in F igure  2 . 2 .  Three independent  measurements were made:
(A) wi th a r i g i d  t e r mi n a t i on  at  poi nt  Y,
(B) wi th an extension tube longer  than the vocal  t r a c t  at  po i n t  Y,
(C) wi th the vocal  t r a c t  at  point  Y.
Measurement A provides the i nc i den t  s i g n a l .  I t  contains a f orward- go i ng  and
backward-going pulse r e l a t i v e l y  close to each other  ( F i gure  2 . 3 ( a ) ) .  The 
i n c i d e n t  s ignal  i s  taken to be the l a t t e r ,  i e .  t ha t  r e f l e c t e d  from the r i g i d  
t e r mi n a t i o n .  This i s  to compensate f o r  the f a c t  t h a t  the microphone i s
s l i g h t l y  d isplaced from the actual  input  (Y) of the vocal  t r a c t .  C or r e c t i on
must be made f o r  the ex t r a  t r a n s f e r  f u n c t i o n ,  a t t e n u a t i o n  and de l ay  i n t roduced  
when the pulse t r a v e l s  from the microphone to the l i p s ,  t ha t  i s ,  along the
sect i on  of tube XY.
Measurement B i s  an independent measure of the f orward- go i ng  pulse ( F i g ­
ure 2 . 3 ( b ) ) .  When i t  i s  subt racted from measurement A, the r e s u l t  i s  the best
es t i mat e  of the act ual  i nc i d e n t  s i gna l  at  poi nt  Y.
Measurement B i s  also subt racted from measurement C ( F i gur e  2 . 3 ( c ) ) ,
r e s u l t i n g  in the best  es t i mat e  of the vocal  t r a c t  response at  po i n t  Y.
The r e s u l t i n g  i n c i d e n t  wave (A -  B) and r e f l e c t e d  wave (C -  B) both
d i f f e r  from the corresponding waves at  the l i p s  by the same t r a n s f e r  f u n c t i o n ,
t ha t  i s ,  the t r a n s f e r  f unc t i on  between po i n t s  Y and X, and t h i s  w i l l  cancel  
out dur ing deconvolut ion.
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Sondhi and Resnick ' s  approach i s  the one adopted -for the measurements in 
t h i s  work.
2.3.7. Butmiry of Section 2.3
Var ious approaches to the problem of deconvolut ion (or i nverse convolu­
t i o n )  have been examined.  Time domain deconvolut ion was shown to be i l l - p o s e d  
unless some “form of r e g u l a r i s a t i o n  was used. Frequency domain deconvolut ion  
i s  su s c e p t i b l e  to the e f f e c t s  o-f noise.  A poss i b l e  s o l u t i o n  to t h i s  problem is  
the use of r e s t o r a t i o n  a l gor i thms o-f the Gerchberg-Papoul i s  type which may be 
a means o-f c o r r e c t i n g  the d i s t o r t e d  regions o-f the deconvolved spectrum.  Con­
s t r a i n ed  i t e r a t i v e  deconvolut ion was a lso exp l a i ned .  Al l  the a- forementioned 
techniques have been s y s t e m a t i c a l l y  i n v e s t i g a t e d ,  and the r e s u l t s  w i l l  be com­
pared in Chapter 5. For completeness o-f the survey,  o t her  deconvolut ion  
methods i nc l ud i ng  ceps t r a l  deconvol ut i on ,  cross c o r r e l a t i o n  and i nver se  
■ f i l t e r i ng  were descr ibed.
F i n a l l y ,  the necessary c o n s t r a i n t s  on the s i zes  o-f the measured s i g n a l s  
were considered,  and a method whereby independent  measurements o-f i nput  and 
response may be made was descr ibed.
2.4. Rtconstruction of Internal Ship* from Trintiont Response
2.4.1. Introduction
A f t e r  the t r a n s i e n t  response at  the i nput  of the  brass i nst rument  has 
been obtained by some a p p r o p r i a t e  method of deconvo l u t i on ,  i t  can p o t e n t i a l l y  
be used to reconst ruc t  the shape of the ins t rument .  Such a t echni que  was f i r s t  
appl i ed  to the vocal  t r a c t .
Ear l y  at tempts to determine vocal  t r a c t  shape i nvol ved the use of X - r ays .  
A l a t e r  approach was the inverse  problem of es t i ma t i n g  vocal  t r a c t  area  from 
acoust i ca l  measurements at  the l i p s .  Schroeder (1967)  and Mermelste in  (1967)  
est imated t he  area from f requency domain measurements of i nput  impedance at  
the l i p s .  Sondhi and Gopinath (1971a)  were the f i r s t  to propose the use of
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t i n e  domain measurements in t h i s  cont ex t .  In t h i s  s e c t i o n ,  some of the  
developments i n  t h i s  f i e l d  w i l l  be rev iewed,  and then the f e a s i b i l i t y  of  
appl y i ng  the same t echni ques  to brass inst rument s  w i l l  be discussed.
2.4.2. Sondhi ot *1
Sondhi and Gopinath (1971a)  showed t h a t  the  knowledge of the r e f l e c t i o n s  
coming out  of the vocal  t r a c t  in response to an ac o u s t i c  impulse presented at  
the l i p s ,  f o r  a d u r a t i o n  corresponding to the t ime r e q u i r e d  f o r  the impulse to  
t r a v e l  t o  the end of  t he  vocal  t r a c t  and back,  i s  necessary and s u f f i c i e n t  to  
determine i t s  area f u n c t i o n  [ * ] .  The s t a r t i n g  po i n t  of  t h e i r  d e r i v a t i o n  was 
two wel l -known l i n e a r  t i m e - i n v a r i a n t  p a r t i a l  d i f f e r e n t i a l  equat ions -  Newton's  
Law and the C o n t i n u i t y  Equat ion r e s p e c t i v e l y .  These l ead to Webst er ' s  Horn 
Equat ion.
S -1 "6
r ~ p ( x , t )  = — - ~ - u ( x , t )  ( 2 . 4 0 a )
dx r ’ A ( x ) $ t
r ~ u ( x , t )  *  - A ( x ) r ~  p ( x , t )  ( 2 . 40b)
ox ot
Here,  A(x)  i s  c r o s s - s e c t i o n a l  a rea ,  p ( x , t )  i s  pressure  and u ( x , t )  i s  volume 
v e l o c i t y .  The form of these equat ions has been s i m p l i f i e d  because of the  
choice of u n i t s .  I m p l i c i t  in these equat ions are  t he  f o l l o w i n g  assumpt ions.
(1) Wave propagat ion i s  l i n e a r  and p l anar .
(2) No losses are  caused by v i s c o s i t y ,  i e .  t he  a i r  f i l l i n g  the t r a c t  i s
assumed t o be a p e r f e c t  gas.
(3) No losses are  caused by wal l  v i b r a t i o n ,  i e .  the t r a c t  wa l l s  a re  assumed
t o  be r i g i d .
Assumptions (2) and (3)  can be r e l a x e d ,  l ead i ng  to  a modi f i ed form of the  
above equat i ons ,  and thus an area recovery procedure which takes l osses i n t o  
account  (Sondhi and 6op i n a t h ,  1971b; Sondhi ,  1974) .  Ranade and Sondhi (unpub­
l i s h e d )  have a l so looked i n t o  the p o s s i b i l i t y  of  r e l a x i n g  assumption (1)  (see
C*3 Area f u n c t i o n  i s  c r o s s - s e c t i on a l  area as a f u n c t i o n  of  
d i s t a n c e  along t he  a x i s .
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Sect i on  2 . 1 . 1 ) .
The above equat i ons  are used t o  d e r i v e  A( x)  ■from the t r a n s i e n t  response  
of t he  vocal  t r a c t .  There are t h r e e  d i f f e r e n t  t r a n s i e n t  responses from which 
A(x)  can be der i ved  (Sondhi and Resnick ,  1983)  -  i nput  impedance z ( t ) ,  r e f l e c ­
tance r ( t ) ,  and step r e f l e c t a n c e  ( t he  i n t e g r a l  of r e f l e c t a n c e ) .
Deconvolut ion i s  necessary t o  ob t a i n  the t r u e  t r a n s i e n t  response from the  
measured response.  Sondhi ' s  method of deconvol ut i on has been r e f e r r e d  to in  
Sect i on  2 . 3 . 1  ( t ime domain deconvol ut i on  wi th  r e g u l a r i s a t i o n  p r o c e d u r e ) .
T h e r e a f t e r ,  an i n v e r s i on  a l g o r i t hm  i s  r eq u i r e d  to f i n d  A( x ) .  Sondhi and 
Resnick (1983)  have developed a l gor i t hms  f o r  the  i nput  impedance and step
r e f l e c t a n c e  cases.
Th e i r  exper imenta l  arrangement  was shown e a r l i e r  in F i gur e  2 . 2 ,  Sec t i on
2 . 3 . 6 . 2 .  I t  con s i s t s  of an impedance tube wi th  an impulse source a t  one end 
and the  vocal  t r a c t  at  the o t h e r .  The impulse source i s  an e l e c t r o s t a t i c  
t r ansducer  which produces impulses con t a i n i n g  f r e que nc i e s  up to 8 kHz. To
s a t i s f y  the assumption of p l anar  wave mot ion,  t r a n s v e r s e  modes must be
avoi ded,  i e .  the wavelengths conta ined in the s i gna l  must be g r e a t e r  than the  
vocal  t r a c t  d i amet er .  The maximum r ad i u s  of the vocal  t r a c t  dur ing normal  
speech i s  about 2 . 3  cent i met res ;  t h e r e f o r e ,  t r a n s v e r s e  modes would be expected  
to  occur at  f r equ en c i es  g r e a t e r  than about 5 . 4  kHz (Stevens e t  a l , 1953) ;  so
Sondhi and Resni ck ' s  s i gna l s  probably  conta i n  t r a n s v e r s e  modes.
When measuring r e f l e c t a n c e ,  t he  source must be a p e r f e c t  a b so r b er ,  i e .  
n o n - r e f l e c t i n g  (see Sect ion 2 . 2 . 3 ) .  This can e f f e c t i v e l y  be brought  about  by 
making the d i s t ance  between the microphone and the impulse source g r e a t e r  than  
the d i s t ance  between the microphone and the g l o t t i s .  This c o n d i t i o n  has not  
been s a t i s f i e d  in Sondhi and Resn i ck ' s  exper i ment a l  ar rangement .  By i m p l i c a ­
t i o n ,  the former d is tance i s  40 c e n t i me t r es  (16 inches)  and the l a t t e r  d i s ­
tance i s  61 cent i me t r es  (24 inches)  plus the l engt h  of the vocal  t r a c t  (nomi ­
n a l l y  17 c e n t i m e t r e s ) .  Sondhi and Resnick,  however,  s t a t e  t h a t  t he  exact
dimensions of the impedance tube are not  c r i t i c a l  to the success of  the  exper ­
iments.
Independent  measurements of  i n c i de n t  and r e f l e c t e d  s i g n a l s  were cade 
using the t echni que  descr i bed  in Sect ion 2 . 3 . 6 . 2 ,  wi th da t a  being stor ed  in  
d i g i t a l  form.
Sondhi and Resn i ck ' s  t echni que  gives q u i t e  good r e c o n s t r u c t i o n s  of  area  
f u n c t i o n  f o r  r e l a t i v e l y  open vocal  t r a c t  shapes.  However,  when the  t r a c t  con­
t a i n s  a narrow c o n s t r i c t i o n ,  the  q u a l i t y  of  the  r e c o n s t r u c t i o n  s u f f e r s .  Three  
p o s s i b l e  reasons were i n v e s t i g a t e d :
(1) b a n d l i m i t i n g  of r e f l e c t a n c e ,
(2) non- p l anar  wave mot ion,
(3) v i s c o s i t y .
The conclusion was t h a t  b a n d l i m i t i n g  was the pr imary cause of  q u a l i t y  loss .  
B a n d l i mi t i n g  was shown to smooth the r e cons t r uc t ed  area f u n c t i o n  and reduce  
the magni tude of  the computed area beyond the c o n s t r i c t i o n .
2.4.3. Dsfcoutf Tousignant, Lecourt and Lefevro
This group of French workers have used the exper i ment a l  t echn i que  pro­
posed by Sondhi et  a l .  They a lso measure the response of  t h e  vocal  t r a c t  a t  
the l i p s ,  but t h e i r  a na l ys i s  of the r e s u l t s  i s  done in a d i f f e r e n t  way.
The vocal  t r a c t  i s  model led as a succession of  e l ement a r y  c y l i n d r i c a l  
tubes of equal  l e ng t h ,  each t r e a t e d  as a t ransmi ss i on  l i n e  pr opagat i ng  plane  
waves.  Each j u n c t i o n  between adj acent  c y l i n d e r s  has a r e f l e c t i o n  c o e f f i c i e n t  
assoc i a t ed  wi t h  i t  which i s  assumed t o be r e a l  and independent  of f r equency .  
The lengt h  of each element  must be smal l  compared wi th the wavelength X of the  
h i g hes t  f requency contained in the s i g n a l .  For plane wave p r o p a g a t i o n ,  X must 
also be g r e a t e r  than the vocal  t r a c t  d i a me t e r ,  as mentioned in the  prev i ous  
s e c t i o n .  I n c i d e n t  and r e f l e c t e d  waves are  assumed to propagat e  i ndepend en t l y  
of each o t her .
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The i t e r a t i v e  procedure f o r  r e c o v e r i ng  the vocal  t r a c t  area f u n c t i o n  can
be summarised in the f o l l o w i n g  s ix  s t eps .
(1) The i nput  impulse f ( t )  and the  r e f l e c t e d  response g ( t )  are independent l y  
measured by sampl ing.
(2) By i n s p e c t i o n  of g ( j ) ,  the p o i n t  a t  which the g r e a t e s t  area v a r i a t i o n  
occurs i s  l o c a t e d .  The r e f l e c t i o n  c o e f f i c i e n t  a t  t h i s  po i n t  can be 
est i mat ed  by c a l c u l a t i n g  the r a t i o  of the  va l ue  of  t he  response at  t h a t  
p o i n t  to the ampl i t ude  of t he  i nput  impulse.
(3) The area v a r i a t i o n  in t h i s  r eg i on  i s  es t i mat ed .  The b a nd l i mi t ed  na t ure  of  
the  s i g n a l s  means t h a t  the area v a r i a t i o n  must be smoothed using a t r a n ­
s i t i o n  p r o f i l e  (Tousignant  e t  a l , 1979$ Leffevre e t  a l , 1981) .
(4)  The r e f l e c t i o n  c o e f f i c i e n t s  corresponding t o  the above area v a r i a t i o n  are  
c a l c u l a t e d  using the  f o l l o w i n g  express ion der i ved  from t ransmi ss i on  l i n e  
t he or y  (Skudrzyk,  1971)
(A. -  A . a1 )
i i  + I . .r B ----------------------  ( 2 . 4 1 )l (A. + A. ^  ) 
l i  + l
The d i s c r e t e  impulse response h ( j ) ,  i e .  r e f l e c t a n c e  as de f i ned  in Sect ion
2 . 2 . 3 ,  i s  computed from the r e f l e c t i o n  c o e f f i c i e n t s  by f o l l o w i n g  the p r o ­
gress of the un i t  impulse from the l i p s  through the vocal  t r a c t  and back 
t o  the l i p s  using t he  f o l l o w i n g  simple t ransmi ss i on  model (Descout  e t  a l , 
1976; Lef&vre et  a l , 1981) .  At each j u n c t i o n  between e l ement s ,  p a r t  of  
t he  wave i s  r e f l e c t e d  and the ot her  p a r t  i s  t r a n s m i t t e d .  For a pulse  
t r a v e l l i n g  towards the  t h r o a t ,  a t  j u n c t i o n  i i t  w i l l  be r e f l e c t e d  by r .  
and t r a n s mi t t e d  by ( 1 + r . ) .  For a pulse t r a v e l l i n g  backwards towards the  
l i p s ,  at  j u nc t i on  i i t  w i l l  be r e f l e c t e d  by - r .  and t r a n s m i t t e d  by ( 1 -  
r . ) .  The fo r war d -  (p) and backward-  (b) t r a v e l l i n g  waves in each element  
i  a t  t ime t  must be considered.  F i gur e  2 . 4  g i ves  a schemat ic r e p r e s e n t a ­
t i o n  of the s i t u a t i o n  at  t ime t .  A f t e r  one f u r t h e r  sample,  t he  f o r w a r d -  
and b a c k w a r d - t r a v e l l i n g  waves in element  i are  given by t he  f o l l o w i n g
Figuro 2.4
Bchsistic Rtprsstntition of tho Rofloction and Trtnsoisslon of Forward (p.) 
and Backward ( b . )  Travailing Havas in Buecasaiva Cylindrical Elaasnts.
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equat ions [ * 3 .
p . ( t + T )  = (1 + r . . )  p. , ( t )  -  r .  b . ( t )  r i l - l  r i - l  l - l  i ( 2 . 42a )
b . ( t + T ) = (1 -  r . )  b. M t )  + r .  p . ( t )  ( 2 . 42b)
i  l  l + l  i  l
By r ec u r s i ve  a p p l i c a t i o n  of these equat i ons ,  t he  va lue  of t he  backward”
t r a v e l l i n g  wave at  the i n p u t ,  i e .  in the f i r s t  e lement ,  can be f ound,  and
t h i s  gives h ( j ) .  Losses may be inc luded by m u l t i p l y i n g  t he  pressur e  by
t he a t t e n u a t i o n  f a c t o r  of  an element  each t ime i t  i s  t r a v e r s e d .  (For a
s l i g h t l y  d i f f e r e n t  approach t o  the problem of r e c u r s i v e l y  computing
r e f l e c t a n c e  from bore shape,  see Sect ion 5 . 4 . 1 . 2 . )
[ * ]  NOTEs The French aut hors  used a d i f f e r e n t  n o t a t i o n .
(5)  f ( j )  i s  convolved wi t h  t he  above approx imat ion o-f h ( j )  to  ob t a i n  the  
response g ^ U )  which would have been obt a i ned  from t he  vocal  t r a c t  whose 
ar ea  v a r i e s  i n  t he  manner i d e n t i f i e d  so -far.
(6)  The c a l c u l a t e d  response g ( j )  i s  subt r ac t ed  from t he  measured response  
g ( j )  to  o b t a i n  t he  r e s i d u a l  response t h a t  can be analysed f u r t h e r  by 
r e p e a t i n g  the  above procedure from step ( 2 ) .
The area f u n c t i o n  i s  thus p r o g r e s s i ve l y  b u i l t  up,  each area c o n s t r i c t i o n  
appear ing in order  of  impor tance.
Lef&vre  e t  al  ( 1 9 8 3 ) ,  using the above method have obta ined vocal  t r a c t  
shapes wi th an a d d i t i o n a l  " r e s i dua l  t r a c t "  a t  the back of the t h r o a t .  This  
e r r o r  was thought  t o  be caused by the presence of  n o i se ,  l i m i t e d  computat ional  
p r e c i s i o n  and shortcomings of the model used. The q u a l i t y  of r e c o n s t r u c t i o n  in  
the r eg i on  of t h e  t h r o a t  was poor in some cases.  The accuracy was a l so  poor 
behind an almost  t o t a l  c o n s t r i c t i o n .  (Sondhi  a l so  found t h i s  -  Sect ion
2 . 4 . 2 . )
2*4.4. 8tensfi»ld and Bogntr
Un l i k e  t he  i n v e s t i g a t o r s  mentioned so f a r ,  S t a n s f i e l d  and Bogner (1973)  
do not  make impulse measurements of the vocal  t r a c t .  I ns t ead  they r e q u i r e  the  
t r a n s f e r  impedance in the  f requency domain.  The t r a n s f e r  impedance i s  the  
r a t i o  of the output  pressure  a t  the load to the  i nput  volume v e l o c i t y  a t  the  
source.  Here the  g l o t t i s  i s  regarded as the i nput  and the l i p s  as the output .  
S t a n s f i e l d  and Bogner measure the output  p r e s s ur e ,  but  the  i nput  volume v e l o ­
c i t y  can only  be approximated.
The vocal  t r a c t  model i s  the same as the one used by t he  French workers.  
An a d d i t i o n a l  assumption i s  the presence of i n f i n i t e l y  long source and load 
tubes at  the g l o t t i s  and l i p s  r e s p e c t i v e l y ,  t h a t  i s ,  source and load are both 
n o n - r e f l e c t i n g .
The area f u n c t i o n  of  the vocal  t r a c t  i s  c a l c u l a t e d  from the t r a n s f e r  
impedance in the f o l l o w i n g  way. F i r s t ,  the i nput  impedance Z ( f )  i s  c a l c u l a t e d
from t r a n s f e r  impedance.  Then t he  r e f l e c t i o n  c o e f f i c i e n t  R( f )  a t  t he  input  
( g l o t t i s )  as a f u n c t i o n  of  f requency i s  obta ined using the f o l l o w i n g  w e l l -  
known r e l a t i o n :
Z ( f )  -  Z
R( f l  -  2 ( f )  ♦ I '  ( 2 - 431s
where Zg r ep r e s e n t s  the source impedance.  Using a F o u r i e r  t rans f orm r e l a t i o n ­
s h i p ,  the r e f l e c t a n c e  r ( t )  i s  obta ined from R ( f ) .  The r e f l e c t a n c e  i s  the
response at  t he  g l o t t i s  t o  an i n i t i a l  u n i t  impulse of pr essur e .  I t  i s
i n t e r e s t i n g  to  note t h a t  Sondhi et  al  and Leffcvre e t  al  measured t he  r e f l e c ­
tance a t  the l i p s ,  whereas S t a n s f i e l d  and Bogner have computed i t  a t  the  
g l o t t i s .
The next  stage in t he  procedure i s  to c a l c u l a t e  the r e f l e c t i o n  c o e f f i ­
c i e n t s  n  f o r  a l l  j u n c t i o n s  in succession,  s t a r t i n g  at  the source.  This  
i n v o l ve s  the same model of t r ansmi ss i on  as was used by t he  French workers ,  but  
i t  i s  used in the i n v e r s e  sense ( t o  c a l c u l a t e  r e f l e c t i o n  c o e f f i c i e n t s  from 
r e f l e c t a n c e  r a t h e r  than v i c e  v e r s a ) .  The r e f l e c t e d  s i gna l  seen a t  the  i nput  i s
considered to c ons i s t  of  two pa r t s :  the d i r e c t  r e f l e c t i o n  r . ( t )  from the
d
f a r t h e s t  (k t h)  j u n c t i o n  reached at  t h a t  t i me,  and the m u l t i p l e  r e f l e c t i o n s
r ( t )  from a l l  i n t e r m e d i a t e  j u n c t i o n s ,  i e .  m
r ( 2 kT) = r . ( 2 kT) + r ( 2k T ) .  ( 2 . 4 4 )d m
From the t ransmi ss i on  model ,  i t  i s  c l e a r  t h a t
( k - 1 )
r . (2kT) = r ,  it (1 + r . ) (1 -  r . ) ( 2 . 4 5 )
d k . . i li = l
( k - 1 )  -
= r ,  tt (1 -  r .  ) 
k . l
1 =  1
r (2kT)  i s  found by c o ns i de r i ng  the f o r wa r d -  and b a c k w a r d - t r a v e l l i n g  waves in
m
each e lement ,  as ex p l a i n e d  in the prev ious sec t i on  ( Sect ion 2 . 4 . 3 ) .  By r e a r ­
rangement ,  an express ion f o r  t he  r e f l e c t i o n  c o e f f i c i e n t  a t  the k th j u n c t i o n
i s  obt a i ned:
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r (2kT) -  r (2kT)
rk = n^i— s~ r  <2-“>
TT (1 -  r . )
From t h i s  a l l  the r e - f l e c t i on  c oe - f f i c i en t s  can be c a l c u l a t ed  r e c u r s i v e l y ,
and from them a l l  the c r o s s - s e c t i on a l  areas can be evaluated using the - fol low­
ing r e c u r s i v e  r e l a t i o n  ( r e l a t e d  to equat ion 2 . 42 ) :
A . a . = A. l + l  l
r
1 -  r .l
1 + r .  
i
( 2 . 47 )
Stans- f ie ld and Bogner obtained area -functions which were good approximat ions
to smoothed vers ions of the ac t ua l  area f unc t i on s .  They suggested the smooth­
ing was caused by b a n d l i mi t i n g  of the s i g n a l .  Sondhi et  al  a l so found t h i s .
2.4.5. Dl«cu«iion
The a p p l i c a b i l i t y  of a rad i us  recovery procedure to brass inst ruments  
w i l l  now be discussed.  A l l  the aforement ioned methods made the assumption of  
plane wave pr opagat i on.  This assumption i s  s a t i s f i e d  in the vocal  t r a c t  pro­
vided t h a t  the s i gna l  f requency content  does not exceed about 4kHz.  In a 
c y l i n d e r ,  waves are plane u n t i l  t r ansver se  modes appear .
Brass i nst ruments  cont a in  conica l  and f l a r i n g  sec t i ons  as wel l  as 
c y l i n d r i c a l  s e c t i o n s ,  so wave propagat ion cannot be p l anar  throughout .  In con­
i c a l  sec t i ons  the waves are s p h e r i c a l .  The p r ec i se  nat ure  of the wavef ront  in 
a region of  r ap i d  f l a r e  i s  sub j ec t  to debate,  as discussed in Sect ion 2 . 1 . 1 .  
C l e a r l y  the bore diameter  in the b e l l  region w i l l  g r e a t l y  exceed the vocal  
t r a c t  d i amet er .  For a c y l i n d e r  t h i s  would n e c e s s i t a t e  a lower  maximum f r e ­
quency than 4 kHz t o  avoid t r ansver s e  modes, which would lead to an u n d e s i r ­
able  loss of  r e s o l u t i o n .  However,  Benade and Jansson (1974)  would argue t h a t  
higher  order  modes in the b e l l  region lead to a " f l a t t e n i n g "  of  assumed spher ­
i c a l  wavef ronts j  i f  t h i s  i s  t r u e ,  then i t  would be b e t t e r  to keep high f r e ­
quencies in the s i g n a l .  The p r e c i s e  choice of s i gna l  bandwidth w i l l  be d i s ­
cussed l a t e r  (Sect ion 3 . 1 . 1 ) .
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Er r or s  r e s u l t i n g  -from losses in the vocal  t r a c t  become s i g n i f i c a n t  at
f requenc i es  below about 1 kHz (Sondhi ,  1974) .  Sondhi has at tempted to compen­
sate f o r  v i sco- thermal  losses and losses caused by y i e l d i n g  wal l s  by use of an 
i d e a l i s e d  model of wal l  impedance.  Such compensation has not been appl i ed  in
the cases where the t r a c t  was model led as a cascade of uni form s ec t i ons .  In 
such cases,  " i t  i s  d i f f i c u l t  to in t r oduce  f a c t o r s  vary ing wi th f requency"
(Descout et  a l , 1976) .  For elements t r e a t ed  as t ransmission l i n e s ,  r e f l e c t i o n
c o e f f i c i e n t s  must be rea l  and independent  of f requency.  This i s  u n r e a l i s t i c  as 
losses at  c y l i n d e r  wa l l s  are known to vary in p r opor t i on  to the square root  of 
the f requency ( K i ns l e r  and Frey,  1950,  Sect ion 9 . 7 ,  p. 240 ) .  (See a lso Sect ion
3 . 1 . 3 . 5 . )  The French workers used a f requency- independent  a t t e n u a t i o n  c o e f f i ­
c i e n t  f o r  each i n d i v i d u a l  sec t i on  (Stevens et  a l , 1953) .  When a c y l i n d r i c a l -  
element type model was used f o r  brass i ns t rument s ,  compensat ion f o r  losses  
also had to be made in the t ime domain (see Sect ion 5 . 4 . 1 ) .
The assumption of a n o n - r e f l e c t i n g  source has not been emphasised by the  
vocal  t r a c t  workers.  The source used by Sondhi et  al  was not s t r i c t l y  non­
r e f l e c t i n g  (Sect ion 2 . 4 . 2 ) .  The French workers did not  mention the requi rement  
of a n o n - r e f l e c t i n g  source.  I t  i s  poss i b l e  t h a t  the source r e f l e c t i o n s  which 
did occur in the above cases were of s u f f i c i e n t l y  smal l  ampl i tude as to be 
n e g l i g i b l e .
Goodwin (1981)  was the f i r s t  person to seek to recover  the rad i us  f unc ­
t i o n  of  a brass inst rument  using impulse techni ques .  His model was c l o s e l y  
based on the S t ansf i e l d - Bogner  model.  He a l so  proposed a s i m p l i f i e d  vers i on  of  
the model in which the m u l t i p l e  r e f l e c t i o n  c o n t r i b u t i o n  was considered n e g l i ­
g i b l e .  Goodwin's input  impulse supposedly contained f r equen c i es  wel l  in excess 
of 100 kHz, thus making nan-p l anar  wave pr opagat ion unavoidable .  His t r ea t ment  
of losses was simply to m u l t i p l y  a measured t ime record by a l i n e a r  gain f un c ­
t i o n  so t h a t  the b e l l  r e f l e c t i o n  became as l a r g e  as the i n i t i a l  impulse  
(Goodwin, 1981,  p . 34) .  This cannot be j u s t i f i e d  t h e o r e t i c a l l y .  The ampl i tude
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o-f t h e  impulse would be expected to decay e x p o n e n t i a l l y  wi th t ime,  and so an 
exponent ia l  gain - function would be more r e a l i s t i c .  In a d d i t i o n ,  the ampl i tude  
o-f the b e l l  r e - f l ec t i on  must be less  than the ampl i tude of the i n i t i a l  impulse 
because of the energy l o s t  by r e f l e c t i o n  at  the j u n c t i o n s  along the impulse  
path.  Goodwin's source was not n o n - r e f l e c t i n g .  D e t a i l s  of how his source was 
modi f ied to make i t  n o n - r e f l e c t i n g  w i l l  be given in the next  chapter  (Sect ion
3 . 1 . 3 ) .  Goodwin noted the n ee d  f o r  deconvolut ion of the measured inst rument  
response be f ore  the r ad i us  could be a c c u r a t e l y  recovered,  but he did not  a c t u ­
a l l y  use deconvol u t i on .  Thus,  any r e s u l t s  he obtained were based on non­
deconvolved responses.  However,  one a pp a r e n t l y  promising r e s u l t  i s  d isplayed  
in Sect ion 2 . 5  of h is  t he s i s  (Goodwin,  1981) .
The problem of recover i ng  the rad i us  of a brass inst rument  w i l l  c l e a r l y
be d i f f e r e n t  in some ways from the corresponding problem f o r  a vocal  t r a c t .  A
brass inst rument  i s  much l a r g e r .  A trombone i s  about 2 . 7  metres long,  whereas
a vocal  t r a c t  i s  17 cent i met res  long.  This d i f f e r e n c e  in l engt h  has severa l
consequences.  The brass inst rument  measurement w i l l  t ake l onger .  The t ime  
r equi red  f o r  a s i n g l e  trombone measurement i s  about 45 mi 11isecondsj  f o r  the  
vocal  t r a c t ,  the corresponding t ime i s  about 1 m i l l i s e c o n d .  For a vocal  t r a c t ,  
the speed of the measurement i s  impor t ant  because the t r a c t  must be kept  
e f f e c t i v e l y  s t a t i o n a r y  dur ing the measurement.  In a d d i t i o n ,  many measurements 
of the t r a c t  are desi red per second so t h a t  the manner in which the t r a c t  
shape v a r i e s  can be f o l l owe d .  The d i f f i c u l t y  of  not being able  to ensure t ha t  
the t r a c t  remains s t a t i o n a r y  means t h a t  s i gna l  averaging cannot be a p p l i e d .  No 
such problem e x i s t s  wi th brass i nst ruments .
To have a n o n - r e f l e c t i n g  source,  a source tube must n e c e s s a r i l y  be 
ext remely  long f o r  brass ins t rument s ,  as w i l l  be shown l a t e r  (Sect ion
3 . 1 . 3 . 3 ) .  The g r e a t e r  l ength of the brass inst rument  w i l l  a l so make the  
e f f e c t s  of l osses more n o t i c e a b l e .
The g r e a t e r  diameter  of the f l a r i n g  p a r t s  of brass i nst ruments  n e c e s s i -
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t a t e s  a smal l e r  s i gna l  bandwidth so t ha t  the planar  wave propagat ion assump­
t io n  be s a t i s f i e d .  The o r i g i n a l  mot i va t i on  f o r  the a p p l i c a t i o n  of the radi us  
recovery procedure to brass inst ruments was the de t e c t i o n  of smal l  d i f f e r e n c e s  
between i ns t rument s .  Such d i f f e r e n c e s  would become unde t ec t ab l e  i f  the s ignal  
bandwidth were too narrow.  The conical  and f l a r i n g  sect i ons  of brass i n s t r u ­
ments c l e a r l y  v i o l a t e  the plane wave assumption and thus br ing i n t o  quest ion  
the a p p l i c a b i l i t y  of the radius recovery procedure to brass ins t ruments .
Another p o ss i b l e  source of e r r o r  wi th brass ins t ruments  i s  the presence  
of bends. They cause a d d i t i o n a l  r e f l e c t i o n s  and s c a t t e r i n g  (Nederveen,  1969) ,  
when in r e a l  terms t her e  is no s i g n i f i c a n t  area change.
Jones (1983)  has r e c e n t l y  proposed an o r i g i n a l  method in which r e f l e c t i o n  
and damping c o e f f i c i e n t s  may be recovered from a knowledge of the impulse
response (see a lso D u f f i e l d  and Jones,  1985) .  The brass inst rument  i s  again  
model led as a s e r i e s  of c y l i n d r i c a l  elements propagat ing plane waves (as in 
the models of the French workers and S t a n s f i e l d  and Bogner) .  Here,  the r e f l e c ­
t i o n  and damping c o e f f i c i e n t s  are r e a l  and n e c e s s a r i l y  independent  of  f r e ­
quency.  The d e t a i l s  of t h i s  method w i l l  be given in Sect ion 5 . 4 ,  t oge t her  wi th  
some r e s u l t s  of  i t s  a p p l i c a t i o n s .
2.4.6. 8uii«ry of Btction 2.4
The p o s s i b i l i t y  of r e cons t r u c t i n g  the shape of a brass i nst rument  from 
i t s  t r a n s i e n t  response measured at  the input  has been discussed.  This t e c h ­
nique was f i r s t  proposed by Sondhi and Gopinath as a means of determi ni ng the  
area f u n c t i o n  of  the vocal  t r a c t .  The p ioneer ing t h e o r e t i c a l  and exper i menta l  
work of Sondhi et  al  was reviewed.  They model led the t r a c t  using a ver s i on  of  
the Webster Equat ion.  Subsequent work by Descout et  al  i nvo l ved  s i m i l a r  exper ­
imental  measurements,  but a d i f f e r e n t  a na l ys i s  t echni que  based on a 
p i ecewi se - c ons t an t  t r a n s m i s s i o n - l i n e  model of the vocal  t r a c t .  S t a n s f i e l d  and 
Bogner used a s i m i l a r  ana l ys i s  method, but t h e i r  exper i ment a l  arrangement  was 
d i f f e r e n t ;  they obtained the t ime-domain q u a n t i t y  of r e f l e c t a n c e  i n d i r e c t l y
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via  -frequency domain measurements.  The a p p l i c a b i l i t y  o-f the vocal  t r a c t  t e c h ­
nique to brass inst ruments was considered c a r e f u l l y .  P o t e n t i a l  problems e x i s t  
in some areas ,  p a r t i c u l a r l y  in the assumption of plane waves. Goodwin has 
al ready at tempted to r econs t r uc t  brass inst rument  rad i us  f unc t i on s  using a 
model of the S t an s f i e l d - Bog ner  type, '  but wi th l i m i t e d  success.  Jones has pro­
posed an extension of t h i s  model such t h a t  losses w i t h i n  the inst rument  as 
wel l  as i t s  area f unc t i on  can be recovered.  In Sect ion 5 . 4 ,  a d e t a i l e d  i n v e s ­
t i g a t i o n  of his method w i l l  be presented.
2.5. Ovtriil Suiiiry of Chiptor 2
The l a r ge  amount of research c a r r i e d  out on brass wind inst rument s  has 
been reviewed;  most i n v e s t i g a t i o n s  to date have involved the f requency domain.  
Input  impedance has been shown to be a p a r t i c u l a r l y  useful  q u a n t i t y  t h a t  can 
be r e l a t e d  to inst rument  i n t o n a t i o n .  Methods of s u b j e c t i v e  as wel l  as physica l  
assessment of i nst ruments have been developed,  but c l e a r  l i n k s  between the  
r e s u l t s  of these have not yet  been e s t a b l i s h e d .  The c u r r e n t  i ncreased i n t e r e s t  
in t r a n s i e n t  acoust i cs  measurements has led to the development of impulse  
measurements on brass i nst ruments .  To obta in  the response of the inst rument  to  
a d e l t a  f u n c t i o n ,  deconvolut ion must be c a r r i e d  out ,  and wi th  i mper f ec t  exper ­
imental  data t h i s  can be a d i f f i c u l t  t ask .  Var ious deconvol ut i on methods have 
been discussed and t h e i r  r e l a t i v e  successes w i l l  be repor t ed  in Chapter  5.  The 
t r a n s i e n t  response of a vocal  t r a c t ,  measured at  the i n p u t ,  has been used to  
r e cons t r uc t  i t s  shape.  The v i a b i l i t y  of using such a t echnique to r ec o n s t r u c t  
the r ad i us  f unc t i on  of a brass inst rument  w i l l  be i n v e s t i g a t e d  in Chapter  5.
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CHAPTER 3 
IMPULSE HEASUREHENT8
This chapter  cont a ins  a d e s c r i p t i on  o-f the apparatus used to measure the  
response o-f brass i nst ruments to an impuls ive  acoust i c  e x c i t a t i o n .  The o r i g i ­
nal basic exper imenta l  arrangement  was designed and b u i l t  by Goodwin (1981 ) ,  
but since then severa l  r e f i nements  have been made, p a r t i c u l a r l y  in the  
sof tware which c on t r o l s  the apparatus.
3.1. A p p i n t u i
3.1.1. Overall Deecription
Here a general  d e s c r i p t i o n  of the measurement system and i t s  components 
i s  g iven.  D e t a i l e d  discussion of some of the i n d i v i d u a l  components and e x p e r i ­
mental  re f i nements  w i l l  appear in l a t e r  sec t i ons .
Impulse product ion and data a c q u i s i t i o n  are c o n t r o l l e d  by a Data General  
Nova 4 1 6 - b i t  minicomputer .  A block diagram showing the exper imenta l  a r r ange ­
ment i s  given in F igure  3 . 1 .  The es s e n t i a l  working of the system is  descr ibed  
in Goodwin and Bowsher (1980)  and Goodwin (1981,  Sect ions 3 . 4  and 4 . 3 ) .  A
b r i e f  resume w i l l  be given here.
The impulse source is  a modi f i ed car spark plug.  The source i s  discussed  
in more d e t a i l  in the next  sec t i on .  The spark source i s  dr i ven by a
s p e c i a l l y - b u i l t  EHT pulse generat or  which t ransf orms the TTL pulse from the  
DAC (Micro Consul tants  Type DW 3504)  i n t o  a high ampl i tude shor t  du r a t i on  (10 
microseconds)  vo l t age  impulse.
Pressure v a r i a t i o n  at  the i nput  of the brass inst rument  i s  picked up by a 
microphone,  a m p l i f i e d ,  f i l t e r e d ,  and recorded by sampl ing.  The sampl ing r a t e  
i s  v a r i a b l e  and i s  set  using a programmable o s c i l l a t o r  (Adret  Codasyn 201) v i a  
an 8-decade BCD i n t e r f a c e .  The sampl ing r a t e  can be set  to an accuracy of .1
Her t z .  I t  w i l l  be seen l a t e r  (Sect ion 3 . 2 . 4 . 2 )  t h a t  such p r e c i s i on  is  neces­
sary in order  to compensate for  changes in ambient  t emperature .  The s i n uso i d a l
Figure 3.1
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output  of the o s c i l l a t o r  i s  converted to  pulses using an e l e c t r o n i c  pulse  
shaper box. The pulses then clock the ADC. The ADC (Micro Consul t ant s  Type DW 
3258,  1 4 - b i t ,  +10 v o l t  range)  accepts data at  r a t es  of up to 150 kHz. Data i s
w r i t t e n  away on disk in b inary  form.  In t h i s  work,  i t  has been observed t h a t  a 
smal l  DC vo l t age  tends to bu i l d  up on the ADC as i t  i s  used.  Others have noted 
t h i s  as wel l  (Fincham, 1982) .  Any e r r o r  invoked by t h i s  i s  removed dur ing  
post-measurement  processing by de t ec t i ng  and s u b t r a c t i n g  any DC l e v e l  present  
(Sect ions 3 . 3 . 3  and 4 . 2 . 2 ) .
The a n t i - a l i a s i n g  f i l t e r  ensures t h a t  a l l  f requency components above the  
Nyquist  f requency are removed. Var ious f i l t e r s  have been t r i e d .  Goodwin used
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a B and K Type 2121 -fi I t e r / a m p l i f i e r  u n i t  which has a c u t - o f f  -frequency v a r i ­
able up to 20 kHz, but i t s  -fal 1 -o-f-f was -found to be i nsu-f -f i ci  ent l  y sharp.  A
Chebyshev - f i l t e r ,  made by Ju l i an  Downes, wi th a c u t - o f f  at  75 kHz was
ext remely useful  at  a sampl ing r a t e  of 150 kHz, but could not be used at  lower
r a t e s .  E v e n t u a l l y  a programmable f i l t e r  (Kemo Type VBF/22) was used. The c u t ­
o f f  f requency may vary between .1 Hz and 100 kHz, and may be set  e i t h e r  manu­
a l l y  or by the computer v i a  a BCD i n t e r f a c e .  The f i l t e r  i s  e l l i p t i c  wi th a 
f a l l - o f f  of 135 dB/octave.  As the sampl ing r a t e  normal l y  used f o r  measurements 
i s  about 46 kHz, f or  reasons to be discussed l a t e r  (Sect ion 3 . 1 . 3 . 3 ) ,  the  
c u t - o f f  f requency i s  normal ly  set  to 20 kHz.
Pulse product ion and the s t a r t  of data a c q u i s i t i o n  occur s i mul t aneous l y .  
Such synchroni sa t i on  is  necessary in order  t ha t  s ignal  averaging may be c a r ­
r i e d  out to improve the S-N r a t i o .  This synchron i sa t i on  is  not as p e r f e c t  as 
was at  f i r s t  assumed, as w i l l  be discussed l a t e r  (Sect ion 3 . 2 . 3 . 1 ) .
Sect ion 3 . 1 . 3  descr ibes a major p r a c t i c a l  development -  a new means of 
coupl ing the impulse source to the inst rument  i nput .  The d i f f e r e n t  microphones 
used are discussed in Sect ion 3 . 1 . 4 .  Sect ion 3 . 2  concent ra t es  on so f t war e  
developments,  and the d i f f e r e n t  types of measurements are expl a i ned in Sect ion  
3 . 3 .
3.1.2. Choice of 8ourc«
3.1.2.1. C o n s i d e r i t i o m
Impulse measurements are the s implest  means of ob t a i n i ng  the impulse  
response of a system,  but t her e  are some d i f f i c u l t i e s  associat ed wi th the  
technique which w i l l  now be c l a r i f i e d .  Barron (19B4) has summarised t h r ee  gen­
e r a l  requi rements f o r  an impulse t e s t  s i g na l :
(1) shor t  d u r a t i o n ,
(2) adequate energy,
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(3) reasonably - f l at  spectrum in the measurement range.
As the impulse response is  the response produced when the input  s ignal  i s  
the d e l t a  f u n c t i o n ,  i t  would seem t ha t  the best t e s t  s ignal  should be a good 
approximat ion to the d e l t a  f u n c t i o n ,  i e .  i t  should be as narrow and as t a l l  as 
poss i b l e .  Narrowness has the a d d i t i o n a l  advantage of g i v i ng  gr ea t e r  s p a t i a l  
r e s o l u t i o n  in the brass inst rument  response.  However,  when the durat i on of the  
impulse is  s h o r t ,  i t  i s  d i f f i c u l t  to d e l i v e r  enough energy to the system to  
overcome the noise t h a t  i s  p resent ,  and the r e s u l t i n g  S-N r a t i o  may be i nade ­
quate.  Hence the need f o r  l a r ge  impulse ampl i tudes;  but these are l i m i t e d  by 
the range of l i n e a r i t y  of the system. Signal  averaging may be necessary to 
improve the S-N r a t i o ,  in which case,  impulse product ion must be r e p e a t a b l e .  A 
qui e t  envi ronment  i s  a lso h e l p f u l .  The width of the impulse i s  l i m i t e d  by the  
range of f r equenc i es  al lowed by the system. The l i m i t i n g  c r i t e r i o n  here i s  the  
need to e l i m i n a t e  a l i a s i n g ;  since the sampl ing r a t e  i s  46 kHz, the upper f r e ­
quency l i m i t  i s  20 kHz. An e l e c t r o s t a t i c  ac t ua t or  source was not chosen,  as 
i t s  f requency range was not broad enough. (See,  f o r  example,  Sondhi and 
Resnick,  19S3, where the bandwidth was j u s t  S kHz. )
I t  i s  d i f f i c u l t  to ensure t h a t  energy i s  equa l l y  d i s t r i b u t e d  over a l l  
f requenc i es  of i n t e r e s t .  In t h i s  work,  i t  was considered t ha t  i t  was not c r u ­
c i a l  t h a t  t h i s  c ond i t i on  be s a t i s f i e d  because in t h e o r y ,  deconvolut ion could  
be used to obta in  the response t h a t  would have been measured had the energy  
d i s t r i b u t i o n  been f l a t .
In cases where an approximat ion to the impulse response i s  r e q u i r e d ,  
wi thout  the use of deconvol ut i on,  a good impulse shape is  d e s i r ed ,  i e .  a sharp 
r i s e  and clean decay wi th no secondary spikes or r i n g i n g .
In the l i g h t  of the above c r i t e r i a  and the l i m i t a t i o n s  of the exper imen­
t a l  ar rangement ,  a s u i t a b l e  source must be chosen. Goodwin (1981,  Sect ion  
3 . 4 . 1 )  considered var ious sources before opt ing f o r  the spark source.  He noted 
t h a t  pulses produced by an exploding wi re  or shock tube were not r e p e a t a b l e .
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The STL ionophone (Fransson and Jansson,  1978) produces -good pulses,  but was
disregarded on the grounds of expense and compl ex i ty .  The spark source is  
cheap,  simple and robust .
A pulsed loudspeaker  has since been considered as i t  produces more con­
s i s t e n t  pulses than a spark source (Barron,  1984) .  In Sect ion 3 . 2 . 3 . 3  the
r e l a t i v e  co ns i s t enc i es  of loudspeaker  and spark sources are compared, and the
super i or  consistency of the loudspeaker  i s  conf i rmed.  A f u r t h e r  advantage of
the loudspeaker  i s  t ha t  i t  can produce both negat i ve  and p o s i t i v e  pulses.  I f ,  
during data a c q u i s i t i o n ,  pulses are a l t e r n a t e l y  p o s i t i v e  and nega t i ve ,  and the  
negat i ve  records are m u l t i p l i e d  by - 1 ,  then any bias in the background noise  
d i s t r i b u t i o n  w i l l  cancel  out dur ing s ignal  averaging.  The problem of DC 
b u i l d - up  on the ADC's,  mentioned e a r l i e r ,  (Sect ion 3 . 1 . 1 )  w i l l  a l so be removed 
a u t o m a t i c a l l y .  This technique has been appl i ed su c c e s s f u l l y  by Fincham ( 1982 ) .
The r im of the smal l est  loudspeaker  a v a i l a b l e  was too l a rge  to be coupled  
d i r e c t l y  to the brass inst rument  i n pu t ,  so a conica l  brass coupler  had to be 
made. This coupler  caused severe secondary r e f l e c t i o n s  which spo i l ed  the  
impulse shape (see Figure 3 . 2 ) .  Descout et  al  (1976)  a lso found t h a t  wi th  
t weeters  the r i ng i ng  was too long.  One could argue t h a t  deconvolut ion might  
remove these e f f e c t s .  However,  wi th the spark source a good approximat ion to  
the impulse response can be obtained i mmediate ly ,  wi thout  the need f o r  decon­
v o l u t i o n  f i r s t .  With the loudspeaker  t h i s  advantage does not e x i s t .  The 
r e s u l t s  in Chapter 5 show t h a t  deconvolut ion of r ea l  measurements does not  
work as wel l  as one might hope; t h e r e f o r e  the best  approximat ion of the t r u e
impulse response w i l l  be obtained using the spark source.
3.1.2.2. Spirk Sourct
Spark generators have been used as impulse sources by other  i n v e s t i g a ­
t o r s .  Sa l i kuddi n  et  al  (1980)  used a high vo l t age  spark discharge to measure
the t ransmission p r o p e r t i es  of a duc t - n oz z l e  system. They chose a spark source  
"because of i t s  f l a t t e r ,  more uni form spectrum,  pulse u n i f o r m i t y  and ease of
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Figur• 3*2 Response when Loudspeaker Source i s  Coupled to t he  Source 
Tube v i a  a Conical  Coupler .
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opera t i on" .
Measurements show that  the spectrum o-f the spark impulse is  not  c o m ­
p l e t e l y  - f l a t ,  but smooth up to f requenc i es  of about 15 kHz (see Figure  3 . 1 5 ,  
Sect ion 3 . 1 . 3 . 5 ) .  Here,  the spectrum has been modi f ied by the passage of the 
impulse along the so u r c e - t o - i ns t r u me n t  coupler  (see Sect ion 3 . 1 . 3 . 5 ) .
Sa l i kuddi n  et al  exper ienced many problems wi th equipment caused by EM 
r a d i a t i o n  i n t e r f e r e n c e  each t ime the spark discharged.  This led to a DC s h i f t
in the microphone p o t e n t i a l  t ha t  r e s u l t e d  in s a t u r a t i o n  of the microphone s i g ­
na l .  EM r a d i a t i o n  also caused cable  r i n g i n g .  In a d d i t i o n ,  discharge c ur r ent s  
were so strong t ha t  changes were induced in the local  ground p o t e n t i a l .  Care­
f u l  ear t h i ng  and s h i e l d i n g  were necessary to minimise these problems.  Such 
drawbacks have been present  at  var i ous  stages in the i n v e s t i g a t i o n s  (see Sec­
t i o n s  3 . 1 . 3 . 2  and 3 . 1 . 4 . 3 ) .  Chinoy ( 1982 ) ,  in his recommendation of the spark 
generator  as an impulsive s ignal  source,  has a lso noted the problem of EM 
r a d i a t i o n  i n t e r f e r e n c e  wi th a n c i l l a r y  equipment.
Sa l i kuddi n  et  al  (1984) l a t e r  noted t h a t  the main problems wi th spark 
impulses are
(1) low S-N r a t i o ,  and
(2) n o n - l i n e a r  acoust i c  propagat ion of high i n t e n s i t y  spark impulses.
In t h i s  work,  impulse ampl i tude i s  s u f f i c i e n t l y  low t h a t  equat ions of l i n e a r  
acoust i cs  are v a l i d .
Barron (1984)  used spark sources f o r  impulse t e s t i n g  of a u d i t o r i a ,  and
noted t h a t  s i gna l s  from spark sources tend to be d e f i c i e n t  in low f requency  
energy,  l eading to s i g n a l - t o - n o i s e  problems at  low f r e q ue n c i e s .  In t h i s  work,  
t h i s  type of problem has been more prominent  at  high f requenc i es .
An inherent  f e a t u r e  of spark sources i s  t h a t  the impulses produced by 
them are somewhat i n c o n s i s t en t .  The d ischarge i n t e n s i t y  v a r i e s  from one spark 
to another .  When s ignal  averaging i s  to be c a r r i e d  out ,  t h i s  presents  a prob­
lem, s ince s ignal  averaging assumes t h a t  each generated pulse waveform is
-  61 -
i d e n t i c a l .  The most obvious i ncons i s t ency  i s  in ampl i t ude ,  but v a r i a t i o n s  in 
t iming and shape also occur.  Much t ime has been spent  i n v e s t i g a t i n g  these  
i n c o n s i s t e n c i es  and f o rmul a t i ng  a way of overcoming them, as w i l l  be discussed  
in Sect ion 3 . 2 . 3 .  The v a r i a t i o n s  appear to be random, f o l l o w i n g  no p r e d i c t a b l e  
p a t t e r n .  The physical  reasons f o r  them are not wel l  understood.  Spark forma­
t io n  occurs when the vo l t age  across a gap between two e l ec t r od es  reaches a 
breakdown va l ue ,  r e s u l t i n g  in i o n i s a t i o n  of the a i r  in a narrow c y l i n d r i c a l  
region between the e l ec t r od es  (Chinoy,  1982) .  " D e - i o n i s a t i o n "  or "recovery"  
r e qu i r e s  a c e r t a i n  amount of t i me ,  about a f r a c t i o n  of a second ( R u b c h i n s k i i , 
1964) .  In the Nova-based spark source,  the t ime between successive f i r i n g s  is  
at  l e a s t  one second. An i n v e s t i g a t i o n  i n t o  the e f f e c t s  of i nc r eas i ng  t h i s
i
delay to 5 seconds revealed no change in impulse consistency;  t h e r e f o r e
impulse v a r i a b i l i t y  i s  not caused by i n s u f f i c i e n t  t ime f o r  f u l l  recovery  of  
the spark gap.
In t h i s  work,  the spark source i s  a car spark plug wi th i t s  curved outer  
e l e c t r o d e  removed to increase the spark gap length and thence the power of the  
impulse (see Figure 3 . 3 ) .  In consequence,  the spark can form at  any p o s i t i o n  
around the outer  e l ec t r o d e  r i ng  (see Figure 3 . 4 ) .  I t  was f e l t  t h a t  t h i s  might  
be c o n t r i b u t i n g  to impulse i nc ons i s t e nc y ,  and t h a t  a more p r e c i s e l y  def i ned  
gap would lead to more co ns i s t e n t  impulse c h a r a c t e r i s t i c s .  For t h i s  reason,  
t e s t s  were c a r r i ed  out on a spark plug wi th i t s  curved and c e n t r a l  e l e c t r o d e s  
each f i l e d  to a p o i n t .  In the l a t t e r  case the impulses were found to be even 
l ess c o n s i s t en t ,  even though the impulses formed at  the same p o s i t i o n  each 
t ime;  so we conclude t h a t  d e f i n i n g  the spark gap more p r e c i s e l y  does not
enhance consistency.  A f t e r  each spark d i schar ge ,  smal l  s t r u c t u r a l  changes 
occur at  the t i p  of each e l e c t r o d e ;  these may be p a r t l y  r e sp ons i b l e  f o r
impulse inconsi s t ency .
Barron and Chinoy (1979)  were aware of the i ncons i s t ency  problem.  For 
improved r e p r o d u c i b i l i t y  they designed a t r i g g e r e d  source using a car  i nd ue -
Fig ur« 3«3 Car Spark Plug wi th Outer E l ec t r ode  Removed.
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t i on  c o i l ,  or a t h i r d  e l ec t r o d e  (Chinoy,  1982) -for the t r i g g e r  pulse and 
tungsten e l e c t r o d e s  sharpened to a point  -for the main impulse.
3.1.2.3. Practical Notts on the list of tht Spark Source
The EHT pulse generat or  was designed wi th the aim t h a t  the impulse amp l i ­
tude and width could be var i ed  independent ly  (Goodwin, 1981,  Sect ion 3 . 4 . 2 ) .
Ampl i tude can be increased by i ncreas i ng  the vo l t age  across the capaci t ance  
across the i g n i t i o n  c o i l .  Width v a r i a t i o n  i s  achieved by varying the c a p a c i ­
tance but i s  accompanied by ampl i tude v a r i a t i o n .  The higher  the capac i t ance ,  
the higher  the pulse ampl i tude and the gr e a t e r  the pulse width.  The general  
s t r a t eg y  adopted was to use the maximum capaci t ance and vo l t age  in order  to  
obtain the maximum pulse he i ght .
The performance of the spark plug has been found to vary wi th t ime.  The 
impulse ampl i tude tends to decrease as the plug i s  used. Cleaning the region  
around the spark gap wi th a smal l  s t i f f  brush (eg.  a toothbrush)  u s u a l l y
serves to r a i s e  the ampl i tude.  The u n p r e d i c t a b i l i t y  of impulse ampl i tude has 
l ed to the p r a c t i c e  of normal i s ing each averaged measurement (Sect ion 3 . 3 . 3 ) ,  
so t ha t  the impulse ampl i tude i s  u n i t y  and comparison of measurements i s  more 
a p p r o p r i a t e .
Each spark plug has a l i m i t e d  l i f e t i m e .  As t ime goes on, i t s  performance  
d e t e r i o r a t e s  and the spark gap region becomes corroded because of the sparks.  
Ev e n t u a l l y  a crack may form in the ceramic i n s u l a t o r ,  l eading to l eakage and 
an u n s u i t a b l e  impulse shape.  At t h i s  poi nt  i t  would be t ime to r e p l a c e  the  
plug.
3.1.3. Coupler
3.1.3.1. Introduction
In Sect ion 2 . 4 ,  i t  was shown t h a t  to r ec o ns t r uc t  the bore p r o f i l e  from 
t he r e f l e c t a n c e ,  i t  i s  necessary to have a n o n - r e f l e c t i n g  source when the  
impulse measurement i s  made. In Goodwin's o r i g i n a l  apparatus,  the source was
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coupled to the inst rument  using a mouthpiece packed with absorbing mat e r i a l  
(see Figure  3 . 5 ) .  Here the microphone was i nser t ed  in the t h r o a t  o-f the mouth­
piece.  To do t h i s ,  the mouthpiece is  cut in two at  i t s  t h r o a t  and normal to  
i t s  a x i s ,  and a paxal in  washer cont a i n i ng  a hole for  the microphone is  
i n s e r t e d .  The absorbing m a t e r i a l  was f o r  reducing resonances in the mouthpiece 
cup and m u l t i p l e  r e f l e c t i o n s  from the source (Goodwin, 1981,  p p . 6 9 , 7 0 ) .  How­
ever ,  complete removal of these f e a t u r e s  was not poss ib le  wi th Goodwin's 
arrangement ,  as w i l l  be seen in the next  sect ion ( 3 . 1 . 3 . 2 ) .
A uni form s e m i - i n f i n i t e  tube wi th the same cr oss - sec t i on  as t ha t  at  the  
source is  a p e r f e c t  absorber .  This f a c t  was used to rep l ace  Goodwin's coupler  
with a source tube which r e s u l t ed  in a n o n - r e f l e c t i n g  source and severa l  other  
advantages.  These point s  w i l l  be discussed in Sect ion 3 . 1 . 3 . 3 .
3.1.3.2. Mouthpiect Coupler
Ear l y  measurements of i nst rument  response using a damped mouthpiece 
coupler  c l e a r l y  show m u l t i p l e  spikes on the decay of the impulse (see F igure
3 . 6 ) .  To c a r r y  out deconvol u t i on ,  an independent  measurement of the input  
impulse must be made. This measured impulse should be the s i gna l  which en t ers  
the inst rument  and t r a v e l s  along i t ,  t ha t  i s ,  a l l  i t s  f e a t u r es  should be t r a v ­
e l l i n g  in the forward d i r e c t i o n .  Some of the m u l t i p l e  spikes were suspected to  
be t r a v e l l i n g  in the reverse  d i r e c t i o n ,  and f or  t h i s  reason they were c l o s e l y  
i n v e s t i g a t e d .  P r e l i m i n a r y  ideas t h a t  they were caused by r i n g i n g  of the  
e l e c t r i c a l  LCR c i r c u i t  were q u i ck l y  dismissed when i t  was seen t h a t  changing  
the capaci t ance across the c o i l  had no e f f e c t  on the t iming of the sp i kes .
Ev e n t u a l l y  the cause of the spikes became c l e a r .  F igure  3 . 6  r e v e a l s  t hr ee  
p o s i t i v e - g o i n g  secondary spikes on the decay of the main impulse.  Let  us c a l l  
the main impulse the f i r s t  sp i ke ,  f o l lowed by the second,  t h i r d  and f o u r t h  
spikes.  When the inst rument  i s  removed, l eav i ng j u s t  the mouthpiece,  t h e r e  are  
two p o s i t i v e - g o i n g  spikes f o l lowed by two negat i ve - go i ng  spikes (see F i gure
3 . 7 ) .  The two negat i ve - go i ng  t h i r d  and f our t h  spikes are the r e f l e c t i o n s  of
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the f i r s t  two p o s i t i v e  spikes from the open end of the mouthpiece backbore.  
The cause of the second spike is  i l l u s t r a t e d  in Figure 3 . 8 .  The f i r s t  spike  
t r a v e l s  d i r e c t l y  from the source to the microphone.  Some of t h i s  d i r e c t  energy 
i s  r e f l e c t e d  back at  the sudden i ncrease in acoust i c  impedance (decrease in 
c r o s s - s e c t i o n a l  area)  at  the mouthpiece t h r o a t ;  i t  h i t s  the spark plug and is  
r e f l e c t e d  back towards the microphone as the second spike .
Given t h a t  the above reasoning is  c o r r e c t ,  a measurement of input  impulse
made wi th a mouthpiece coupler  w i l l  be u n s a t i s f a c t o r y  because the t h i r d  and 
f ou r t h  spikes are not t r a v e l l i n g  in the forward d i r e c t i o n .  T h e r e f or e ,  an 
a l t e r n a t i v e  measurement arrangement i s  r e q u i r e d .
Fur t her  disadvantages are associat ed wi th the use of a mouthpiece  
coupl er .  F igure  3 . 9  shows a measurement made wi th an 1 / 8 - i n c h  microphone (B 
and K Type 4138) using a sampling r a t e  of 150 kHz and a 75 kHz a n t i - a l i a s i n g  
f i l t e r .  Much high f requency energy i s  present ;  the impulse cannot  be d i s ­
t i ngu i shed  c l e a r l y ,  and there  i s  a l a r ge  amount of post - i mpul se  r i n g i n g  and 
d i s t ur bance .  A Four i e r  t ransform r e v e a l s  t h a t  f r equenc i es  g r e a t e r  than 75 kHz 
are s t i l l  present  in the s i g n a l ,  desp i t e  the presence of the f i l t e r .  This high 
f requency energy i s  unwanted and can only be d e s t r u c t i v e .
In the e a r l y  stages of the work,  the diaphragm of the 1 / 8 - i n c h  microphone 
used to break.  This could wel l  have been caused by the high acoust i c  pressures  
produced by the spark;  the actual  pressures produced could be f a r  g r e a t e r  than  
those measured by the compu t e r - con t r o l 1ed apparat us.  To i n v e s t i g a t e  t h i s ,  f r e e  
f i e l d  measurements of the sound emi t ted by the spark were made at  var i ous  d i s ­
tances using the 1 / B- i nch microphone,  a pulse genera tor  and an o s c i l l o s c o p e ,  
so t h a t  the pressure generated at  the mouthpiece measurement plane could be 
c a l c u l a t e d  by e x t r a p o l a t i o n .  The c a l c u l a t e d  value was of the order  of severa l  
hundred pasca l s ,  yet  the microphone i s  supposed to be able  to wi t hstand p r es ­
sures of 8000 pascals .  Another poss i b l e  reason f o r  the breakages was t ha t  
sparks were h i t t i n g  the diaphragm.
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In any case,  i ncreas i ng  the d is t ance between the scrurce and the micro­
phone appeared to be h i gh l y  advantageous.  Another reason -for doing t h i s  was 
the occurrence of a "pre - pu l se"  before the act ual  acoust i c  pulse.  This was 
produced by e l e c t r i c a l  p ick-up of the EM spark r a d i a t i o n  (as mentioned in Sec­
t io n  3 . 1 . 2 . 2 ) .  When the source and microphone are c l ose ,  the p r e - p u l s e  can 
over lap wi th the acoust i c  pulse (see,  f o r  example,  F igure  3 . 9 ) ,  which can lead  
to confusion.
When the mouthpiece is replaced by a source tube,  a l l  the aforement ioned  
disadvantages are overcome n e a t l y .
3 . 1 , 3 , 3 .  8ourc« Tub*
The basic concept  of the source tube i s  t h i s :  source r e f l e c t i o n s  are
e f f e c t i v e l y  e l i m i n a t e d  when they are made to occur a f t e r  the des i red sec t i on  
of impulse response.  In other  words,  the impulse must t r a v e l  from the s t a r t  of  
the inst rument  to the b e l l  and back to the microphone more q u i c k l y  than from 
the s t a r t  of the i nst rument  to the source and back to the microphone.  There­
f o r e ,  the l ength of the source tube between the source and microphone must 
exceed the length of the inst rument .
The basic source tube design i s  shown in F igure  3 . 1 0 ( a ) .  The i n t e r i o r  of  
the spark plug end of the source tube i s  threaded so t ha t  the spark plug can 
screw i n .  The other  end i s  e x t e r n a l l y  t apered to the shape of the backbore of  
the app r o p r i a t e  mouthpiece so t h a t  the i nst rument  w i l l  f i t  on e a s i l y  and 
t i g h t l y .  The microphone is i nse r t ed  i n t o  the  tube v i a  a paxo l i n  washer,  wi th  
a p p r o p r i a t e  holes ,  which f i t s  between the two sect i ons  of the tube.
The l a r g e - b o r e  trombone ( 0 . 547  inches i nput  d iameter )  i s  taken to be the  
"standard" inst rument  in the i n v e s t i g a t i o n s .  I t s  length is  2 . 7  met res,  so,  in 
Figure  3 .10  l ength SX should be comf or t ably  in excess of t h a t  to a l l ow f o r  
extension of the trombone using s l i d e s .  SX was chosen to be 3 . 58  metres.  The 
choice of d is t ance  XY between the microphone and the open end of the source 
tube was 0 .48  metres.  This d i s t ance was i nt roduced so t h a t  the i nput  impulse
(a)
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SPARK SOURCE)
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(b
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pos i t ion  3
}
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Microphone 
pos ' t ion  2
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p o s i t io n  1
Figure 3.10 Source Tube,  (a) Basic Source Tube Design,  (b) D i v i s i o n  o-f 
O r i g i n a l  Source Tube i n t o  Sect ions.
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had t ime to decay to a s u i t a b l y  low l e v e l  before  the f i r s t  r e f l e c t i o n  at  the 
t ube- i nst rument  j o i n .  The diameter  of t h i s  standard source tube i s  12.7 m i l ­
l i me t r e s  ( 1 / 2  i n c h ) ,  the diameter  at  the input  of the l a r g e - bo r e  trombone. For 
a cornet  or t rumpet ,  the tube diameter  w i l l  be 9 . 5  m i l l i m e t r e s .  These i n s t r u ­
ments are only ha l f  the length of a trombone,  so normal ly a h a l f - l e n g t h  source 
tube would s u f f i c e .  A f u l l - l e n g t h  narrower  source tube was maintained because 
some of the theory to be presented in Sect ion 5 . 4  r equ i r es  a doubl e - l ength  
impulse record.  A medium-bore trombone would r e q u i r e  a source tube of i n t e r ­
mediate d iameter .  I d e a l l y ,  a set  of source tubes of d i f f e r i n g  diameters should 
e x i s t  to s u i t  each inst rument  in order  t ha t  r e f l e c t i o n s  before  the s t a r t  of 
the inst rument  be e l i m i n a t ed .  However,  f o r  some measurements the standard  
source tube i s  adequate,  r e g ar d l ess  of the ins t rument ,  wi th an app r o p r i a t e  
taper i ng  coupler  between the microphone and the s t a r t  of the ins t rument .  This  
w i l l  be demonstrated l a t e r  in Sect ion 4 . 4 . 2 .  In a d d i t i o n ,  there  are occasions  
when the l ength c r i t e r i o n  f o r  the source tube can be re l axed  so t h a t ,  f or
i ns t ance ,  the standard source tube can be used when measuring a t uba,  even 
though i t  i s  double the length of a trombone (see Sect ions 4 . 4 . 1  and 4 . 5 . 3 . 1 ) .
The improvement in pulse shape i s  immediate ly  apparent  when F igure  3.11
is  compared wi th Figure 3 . 6 .  With the source t ube,  the impulse i s  clean wi th
no secondary spikes.  Superimposed on F i gure  3.11 is  a p l o t  of a measurement  
taken wi th no inst rument  a t tached to the source tube.  This c l e a r l y  shows t ha t  
the f i r s t  source r e f l e c t i o n  occurs wel l  a f t e r  the b e l l  r e f l e c t i o n ,  demonst rat ­
ing t h a t  the source i s  now e f f e c t i v e l y  n o n - r e f l e c t i n g .
With the source tube arrangement ,  i t  i s  now p a r t i c u l a r l y  s t r a i g h t f o r w a r d  
to make an independent  measurement of input  impulse.  The method used i s  Sondhi  
et  a l ' s ,  r e f e r r e d  to e a r l i e r  (Sect ion 2 . 3 . 6 . 2 ) ;  i t s  a p p l i c a t i o n  w i l l  be d i s ­
cussed l a t e r  in Sect ion 3 . 3 . 4 .
The source tube has the e f f e c t  of a t t e n u a t i n g  much of the unwanted high 
f requency content  of the impulse,  so t h a t  the excessive energy which may have
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been causing microphone breakage is  removed. The a n t i - a l i a s i n g  f i l t e r  would 
have had to remove t h i s  energy in any case,  but would not have provided the  
necessary p r o t ec t i o n  f o r  the microphone.
The e l e c t r i c a l  p r e - pu l se  is  now separated from the acoust i c  impulse by 
about 10 m i l l i s e c o n d s .  This t ime de l ay ,  dur ing which the impulse t r a v e l s  from 
the source to the microphone,  provides an ext remely  useful  way of moni tor ing  
changes in ambient  temperature caused by the changing v e l o c i t y  of sound in the  
source tube.  Using t h i s  i n f o r ma t i on ,  changes in temperature can be compensated 
f o r ,  as w i l l  be expla ined in Sect ion 3 . 2 . 4 . 2 .  This has been another  advantage  
of using the source tube coupler .  A f t e r  a measurement i s  completed,  the
unwanted 10 mi l l i second  delay may be removed by windowing.
Using the source tube has led us to choose a standard sampl ing r a t e  of 46 
kHz in asso c i a t i on  wi th an a n t i - a l i a s i n g  f i l t e r  c u t - o f f  f requency of 20 kHz 
(as mentioned in Sect ion 3 . 1 . 1 ) .  The reason f o r  t h i s  choice of sampl ing r a t e  
i s  as f o l l o w s .  For f requency domain deconvolut ion (Sect ion 5 . 2 . 3 ) ,  an FFT of  
the complete measured inst rument  response record,  from the inst rument  i nput  to  
j u s t  a f t e r  the b e l l ,  was r e qu i r e d .  O r i g i n a l l y ,  a l l  numerical  processing was 
c a r r i e d  out on the Nova minicomputer ,  whose memory c apac i t y  was such t h a t  the  
l a r g e s t  double p r ec i s i on  FFT which could be performed was 1024 p o i n t s .  The 
t ime taken f o r  the impulse to t r a v e l  from the microphone to j u s t  beyond the  
b e l l  of the standard length inst rument  ( trombone) and back i s  about 22 m i l ­
l i seconds .  The r a t i o  of the maximum number of a r r ay  elements (1024)  to the
t ime taken i s  about 46 kHz. The t o t a l  number of data po i n t s  w r i t t e n  away i s
2048,  g i v i ng  44 .5  mi l l i seconds  worth of data;  so even wi th the i n i t i a l  10 m i l ­
l i seconds de l ay ,  the inst rument  record f i t s  in e a s i l y .  The " e s s e n t i a l "  1024-  
poi nt  record i s  ex t r ac t ed  by windowing.
A t y p i c a l  input  pulse using the standard source tube has an ampl i t ude of  
about 60 pascals and a h a l f  ampl i tude pulse width of about 110 microseconds.  
Goodwin's data f o r  the damped mouthpiece coupler  were pulse ampl i tude 57 . 4
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pascals and pulse width 20 microseconds (Goodwin,  1981,  Sect ion 3 . 4 . 3 ) .  The 
increased pulse width i s  c l e a r l y  caused by the presence of the source tube;  
high - f requencies are a t t en ua t ed ,  and d i f f e r e n t  f r equenc i es  t r a v e l l i n g  at  d i f ­
f e r e n t  v e l o c i t i e s  causes spreading.  Pulse ampl i tude i s  higher  for  narrower  
source tubes.  Pulse c h a r a c t e r i s t i c s  are a lso dependent on the spark plug being  
used.
The obvious disadvantage of the source tube is  the i m p r a c t i c a b i l i t y  and 
inconvenience of having to use a 4 . 06 - me t r e  s t r a i g h t  tube.  In a d d i t i o n ,  much
swapping around of tubes i s  necessary,  as d i f f e r e n t  diameter  tubes are  
requ i red  f o r  d i f f e r e n t  i nst ruments .  In these respects a mouthpiece coupler  i s  
f a r  s u p e r i o r .  The p o s s i b i l i t y  of using a f l e x i b l e  source tube i s  i n v e s t i g a t e d  
in the next  sec t i on .
3.1.3.4. Flexible Source Tube
A f l e x i b l e  source tube has the advantage t ha t  i t  can be co i l ed  so t ha t  
the apparatus takes up less space.
A 3-met re  l ength of r e - en f or ced  rubber  hose was at tached between two 
short  sec t i ons  of brass tube,  as i l l u s t r a t e d  in F igure 3 . 12 .
When the hose was co i l ed  t i g h t l y ,  wi th two or t h r ee  loops,  the measured 
impulse contained a double peak.  When the cur va t ur e  was g e n t l e r  wi th j u s t  one 
l a r ge  loop,  the impulse had a s i n g l e  smooth peak.  However,  the pulses were f a r  
more i nc o n s i s t en t  than wi th the s t r a i g h t  brass tube.  Pulse ampl i tude was a lso  
lower because of the g r ea t e r  a t t e n u a t i o n  in the hose ma t e r i a l  than in the  
brass.
For these reasons the work on a f l e x i b l e  source tube was not pursued.
3.1.3.5. Uic of Source Tube to Htiture Attenuition
The o r i g i n a l  source tube was made in s e c t i ons ,  as. shown in F igure  
3 . 1 0 ( b ) ,  so t h a t  t here  were t hr ee  d i f f e r e n t  p o s i t i o n s  at  which the microphone 
could be placed.  This made i t  poss i b l e  to i n v e s t i g a t e  the way the impulse
Coiled hosepipe ( 3 m )
Spark
source 1 1 8 "  
microphone
48 cm59cm
2 cm
Brass
tub ing
Figurt 3,12 Exper imental  Arrangement -for I n v e s t i g a t i o n  of F l e x i b l e  
Source Tube.
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changed a i t  t r a v e l l e d  along the tube.
Measurements were made at  each of the t h r e e  po s i t i on s  using a sampl ing
r a t e  of 150 kHz, a broadband ( 1 0 0  kHz) microphone (Sect ion 3 . 1 . 4 . 2 ) ,  and the
75 kHz c u t - o f f  low-pass a n t i - a l i a s i n g  - f i l t e r .  The impulses at  the three  p o s i ­
t i ons  are compared in F igure  3 . 1 3 .  I t  appears t hat  br i ngi ng the microphone 
c loser  to the source has the - fol lowing e-f-fects on the impulse:
( 1 ) i t  has higher  ampl i t ude,
( 2 ) i t  i s  nar rower ,
(3) i t  has a more pronounced double-peak,
(4) i t s  decay i s  l ess smooth,
(5) the ampl i tude o-f the post -spark  noise i s  g r e a t e r .
A p l o t  o-f pulse ampl i tude (a) in pascals  aga i nst  d i s t ance (x) -from source
in cent i met r es  i s  given in F igure  3 . 1 4 .  (Three o-f the data po i n t s  were
obtained -from a d i f f e r e n t  source tube of the same d i a me t e r . )  When l n ( a )  was
\
p l o t t e d  aga i nst  x,  and a l e a s t  squares - f i t  app l i ed  to -find the best  s t r a i g h t  
l i n e ,  the f o l l ow i ng  exponent i a l  r e l a t i o n s h i p  r e s u l t e d
, , n r , *  - . 004xa ( x ) « 221 e ( 3 . 1 )
This r e l a t i o n s h i p  can only be considered approximate,  as there  were few data  
points  and pulse ampl i tude v a r i e s  wi th other  f a c t o r s  besides d i s t a n c e ,  eg. age 
of spark plug (Sect ion 3 . 1 . 2 . 3 ) .  However,  an exponent i a l  r e l a t i o n s h i p  has a lso  
been proposed by Fant ( 1970 ) ,  namely
~c(xAt t enuat i on  f a c t o r  = e _ ( 3 . 2 )
wi th <x = k ( .  007 J tt/A)
where d i s  the a t t e n u a t i o n  c o e f f i c i e n t ,  A i s  c r os s - s e c t i on a l  area and k  i s  an
a pp r opr i a t e  constant .
The double-peak and post - spark  noise near the source probably  r e s u l t  from
a combinat ion of r e f l e c t i o n s ,  s c a t t e r i n g  from wa l l s ,  and t r ansver s e  modes,
which would begin to occur at  about 13 kHz in a 1 2 . 7 - m i l l i m e t r e  diameter  tube.
F igure  3 . 15  shows the spect r a  of the impulses at  the d i f f e r e n t  p o s i t i o n s ,
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c a l c u l a t e d  by applying a h a l f  Hanning window to the impulse and using a 1024-
point  FFT. C l e a r l y ,  the c l oser  the impulse is  to the source,  the g r ea t e r  i t s  
high f requency content .  Thus, the source tube is  shown to a t t enua t e  the high 
f requency content .
By comparing the t h r ee  s p ec t r a ,  the dependence of a t t e n u a t i o n  on f r e ­
quency was i n v e s t i g a t e d .  Only the smooth f i r s t  15 kHz of the t hree  ampl i tude  
spect ra  were used. Spect ra l  d i v i s i o n  r e s u l t e d  in t h r ee  deconvolved spect ra
A ( f ) /  A ( f ) ,
where A? ( f )  i s  the f i r s t ,  higher  ampl i tude spectrum and A  ^ ( f ) i s  the second,  
lower ampl i tude spectrum.  The f o l l ow i ng  equat ion expresses the spec t r a l  
a t t e n u a t i o n ,
The deconvolved spect ra  were subjected to t hr ee  separat e  methods of a n a l y s i s .  
Method 1
According to K i r c h o f f ' s  theory  on v i sco- t hermal  losses in a c y l i n d r i c a l  
tube ( K i n s l e r  and Frey,  1950,  p . 2 41 ) ,
Here,  f i s  f requency,  A is  c r o s s - se c t i o n a l  area in square metres and G i s  a
To v e r i f y  t h a t  the power of f  i s  0 . 5 ,  In C - l n t A^ / A ^ ) ]  i s  p l o t t e d  aga i nst  
In f .  The grad i ent  should be 0 . 5 ;  the data zero ,  c i s  used to determine G, 
where
A ( 3 . 3 )
<* = G >17 /  A ( 3 . 4 )
-5constant  which should take the value 2 .76x10 .
c Gx /  A ( 3 . 5 )e
Mithod 2
The second method uses the same theory  as the f i r s t ,  but i t  assumes t h a t  
the power of f i s  0 . 5 ,  and proceeds to c a l c u l a t e  G. Here,  1n <A^/ A2 ) i s  p l o t t e d
against 47; the result  should be a s tra ight  l ine  through the or igin  having 
gradient -Gx/A.
Mithod 3
Fay (1940)  proposed that  « had an addit ional -f-dependent term re lated to 
sound absorption in a i r ,  as well as the 47-dependent term, ie.
«[ = c f + c 47 
1 2
This gives
- I n ( Aj /  A2 )
47
So a p l o t  of - l n ( A j  /  A2 ) /  x 4 7  versus 47  has a slope o-f and data  zero  
C2 , from which G i s  c a l c u l a t e d .  Fay ' s  value -for G i s  2 .92x10
The t hr ee  methods of a n a l y s i s  were appl i ed  to severa l  d i f f e r e n t  se t s  of  
measurements,  using d i f f e r e n t  diameter  source tubes ,  d i f f e r e n t  sampl ing r a t e s  
and d i f f e r e n t  spark plugs.  A s e l e c t i o n  of r e s u l t s  f o r  tubes wi th  d i ameters  of  
12.7  and 9 . 5  m i l l i m e t r e s  i s  summarised in Table 3 . 1 .
TABLE 3.1
Resul ts  of  Source Tube At t enu a t i on  Analyses
Deconvolved
spectrum
f i l e
( 8 - > 8 8 )
Power of f  
p r e d i c t e d  
by
Method 1 
(Should be 0 . 5 )
6  using 
Method 1 
(xlB ) 
(Should be 
2.76)
G using 
Method 2 
( x 1 0 “ ) 
(Should be 
2. 76)
G using  
Method 3 
( x l 0 ) 
(Should be 
2 . 92 )
(1)  STANDARD 
12.7mm diameter
FDC1WITH2 . 448 2.41 2 . 17 2 . 44
FDC1WITH3 .471 2 .14 2.03 2 . 1 8
FDC2HITH3 . 496 1.94 1.91 1.96
(2)  NARROW 
9.5mm diameter
FDC1B1W2D .450 1.82 1.63 1.87
FDC1B1W3D . 432 1 . 8 6 1.59 1.93
FDC1B2W3D .415 1.90 1.56 1.99
For Method 1, the exponents of f were c lose t o  . 5 ,  but  the cor responding
G's were too low.  In the second method, when the • f - exponent  was -forced to . 5 ,  
the G's were lower s t i l l .  The highest  G-values were obtained using the t h i r d  
ana l ys i s  method. Resul ts  were b e t t e r  -for the 12.7 m i l l i m e t r e  tube,  al though  
t h e o r e t i c a l l y  G should be the same for  a l l  smooth c y l i n d r i c a l  tubes,
These r e s u l t s  were p l eas i ng ,  consider ing the poss i b l e  sources of e r r o r  in 
the measurements.  The measurements at the t hree  p o s i t i o n s  were not of the same 
pulse;  improved r e s u l t s  might be obtained i f  data at  the t h r ee  p o s i t i o n s  could  
be recorded s i mul t aneous l y ,  using three microphones.  In a d d i t i o n ,  some e r r o r
was i n t roduced as a r e s u l t  of windowing (Sect ion 2 . 3 . 2 . 2 ) .
The above method could also be used to i n v e s t i g a t e  the a t t e n u a t i o n  of  
pulses in f l a r i n g  tubes,  and thus provide usefu l  i n f o r mat i on  about losses in 
brass i ns t rument s .
3.1.4. Choict of Microphont
Three microphones have been used.
3.1.4.1. Probt Microphont
The horn-coupled probe microphone (B and K Type 4170) i s  the most expen­
s i ve  of the t h r e e ,  r e t a i l i n g  at  £1456 (1986 p r i c e ;  the microphone has i t s  own 
b u i l t - i n  p r e a m p l i f i e r ) .
With a 10 kHz c u t - o f f  f requency,  i t  removes the need f o r  the a n t i ­
a l i a s i n g  f i l t e r  wi th 20 kHz c u t - o f f  f requency,  but a l so  reduces the high f r e ­
quency d e t a i l ,  much of which has a l ready  been a t t enua t ed  by the source tube.  
The low f requency response i s  poor,  as i nd i c a t e d  by the dip a f t e r  the impulse  
(see F i gure  3 . 1 6 ( a ) ) .
3.1.4.2. 1/8N Microphont
The 1/8"  microphone (B and K Type 4138) i s  l ess expensive ,  cos t i ng  about  
£1107 (1986 p r i c e ,  which inc ludes ex t r a  f o r  p r e a m p l i f i e r  and a d a p t e r ) ,  but  has 
a broader response of 100 kHz. Such a broad response i s  not necessary when an 
a n t i - a l i a s i n g  f i l t e r  i s  removing the f requency content  above 20 kHz,  but i s
VJ
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Figur» 3*16 Comparison o-f the Performances of (a) Probe,  (b) 1 / 8 " ,  (c)
Knowles E l e c t r e t  Microphones.
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useful  f or  i n v e s t i g a t i o n s  such as those in Sect ion 3 . 1 . 3 . 5 .
The post - i mpul se  dip shown in the probe microphone response was not 
present ,  i n d i c a t i n g  a super i or  low- f requency response (see F igure  3 . 1 6 ( b ) ) .
In view of the good impulse shape and optimum high f requency d e t a i l ,  we 
have p r e f e r r e d  to use the 1 / 8 " microphone f o r  inst rument  measurements.
3.1*4.3. El«ctr«t Microphont
Two Knowles e l e c t r e t  microphones (CA2832 and BT1759) , having reasonably  
f l a t  responses over the 20 kHz audio f requency range,  were both a f f e c t e d  by 
e l e c t r i c a l  p ick-up from the spark source.  This caused an a d d i t i o n a l  decaying  
vol t age  on the microphone output  s ignal  (see F igure  3 . 1 6 ( c ) ) .  At tempts to 
remove t h i s  by e l e c t r i c a l  screening were unsuccessful .  P lac ing a r e s i s t o r  and 
ca pa c i t o r  across the output  high-pass f i l t e r e d  the s i gna l  so t h a t  the e l e c t r i ­
cal  p ick-up l e v e l  decayed to zero more qu i c k l y ;  but t h i s  spo i l ed  the low f r e ­
quency response of the remaining acoust i c  s i g n a l ,  as evidenced by the charac­
t e r i s t i c  post - i mpul se  dip.
The Knowles microphones are inexpensive  and produce acous t i c  measurements 
which are d e t a i l e d  enough to be used s u c c e s s f u l l y  in the inst rument  comparison 
technique (Chapter  4 ) .  However,  the performance of the 1/8' '  microphone i s  
sup e r i o r .
3.1.5. Insulation
Tr ans i en t  acoust i c  measurements w i l l  be a f f e c t e d  by ambient  co n d i t i on s .  
To reduce these e f f e c t s ,  thermal  and acoust i c  i n s u l a t i o n  have been added to 
the impulse apparatus.
The source tube i s  surrounded wi th domest ic pipe l agg i ng .  The brass  
i nst rument  i s  enclosed wi t h i n  a p o l ys t y r en e  box. Ambient background noise  
ent ers  the b e l l  of the inst rument  and i s  e f f i c i e n t l y  coupled back i n t o  the  
microphone.  Completely enclosing the i nst rument  reduces the e f f e c t  of t h i s  to 
some e x t en t .
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When the i ns i de  wal l  of the i n s u l a t i n g  box i s  close to the inst rument
b e l l ,  the shape o-f the b e l l  r e f l e c t i o n  is  a l t e r e d .  This does not mat ter  f o r  
simple inst rument  comparison measurements (Chapter  4 ) ,  but should be avoided  
when accurat e  measurements of t r a n s i e n t  response are requ i r ed  f o r  a n a l y t i c a l  
purposes (Chapter  5 ) .
3.1.6. 8u«iffltry of Section 3.1
In t h i s  s e c t i o n ,  the equipment f o r  measuring the t r a n s i e n t  response of 
brass i nst ruments has been descr ibed.  A minicomputer c o n t ro l s  impulse produc­
t i on  and data a c q u i s i t i o n  by sampl ing.
A spark source was chosen because i t  produced impulses wi th a good 
( d e l t a - f u n c t i o n - l i k e )  shape,  even bef ore  deconvolut ion.  Good r e p e a t a b i l i t y  
enabled s ignal  averaging to be c a r r i e d  out .  The main problems wi th the source 
were incons i s t ency  and EM i n t e r f e r e n c e .
The source was rendered n o n - r e f l e c t i n g  by the i n t r o d u c t i o n  of a long 
source tube.  This had many other  advantages.  I t  removed unwanted high f r e ­
quency energy;  i t  made independent  measurements of i nput  s i gna l  s t r a i g h t f o r ­
ward; i t  provided a way of compensating f o r  ambient t emperature  changes; i t  
has been used to i n v e s t i g a t e  the a t t e n u a t i o n  of  pulses in c y l i n d r i c a l  tubes.
Three types of microphone have been used. The performance of  the e l e c t r e t  
microphones was spo i l ed  by p i ck -up of EM r a d i a t i o n  from the spark source.  The 
1 / 8 " microphone was p r e f e r r e d  to the probe microphone because of i t s  broader  
f requency response,  and b e t t e r  response at  low f requenc i es .
F i n a l l y ,  the use of thermal  and acoust i c  i n s u l a t i o n  was discussed.
Photographs of the apparatus (minus i n s u l a t i o n )  are shown in F igures  
3 . 17  ( a ) ,  (b) and ( c ) .
) r“ — iJU
Q Q*
v » »
&
&
l * i
/
(c) HP*—
F ig u re  3 .1 7  Photographs of the Impulse Measurement Equipment,
(a) Complete Apparatus, (b) Close-Up of Source End, (c) Close-Up of 
Instrument End
3.2. 8oftwtr«
3.2.1. Main Ftaturtf of Data Acquisition Boftwara
A -f lowchart  i l l u s t r a t i n g  the main poi nts  of the data a c q u i s i t i o n  pr o­
gramme is  given in Figure 3 . 18 .
Before actual  data a c q u i s i t i o n ,  a pre-measurement t r i a l  run of the equip­
ment i s  c a r r i e d  out .  During t h i s  run,  ampl i tude ( in v o l t s )  and t iming ( in  sam­
ples)  of each successive impulse i s  l i s t e d  on the VDU. Ampl i tude i s  set  to the  
desi red l e v e l  (normal ly  about 8  v o l t s )  by ad j us t i ng  the B and K a m p l i f i e r  
(Type 2608) gain s e t t i n g s .
A f t e r  t h i s  adjustment ,  the microphone i s  c a l i b r a t e d  using a pistonphone  
and spec i a l  microphone c a l i b r a t i o n  sof tware .  The pistonphone generates a 
s i nusoi da l  pressure s ignal  of known rms value (31 p a s c a l s ) .  The s i nuso i da l
microphone output  i s  read i n t o  memory v i a  the ADC5 i t s  rms vo l t age  i s  d e t e r ­
mined, and so the c a l i b r a t i o n  constant  in p a s c a l s / v o l t  i s  c a l c u l a t e d .  The 
c a l i b r a t i o n  procedure i ncor por a t es  a means of compensat ing f o r  changes in
ambient pressure .  I t  should be noted t h a t  accurate  c a l i b r a t i o n  i s  not always
necessary,  eg. when runs are normal ised f o r  comparison purposes (Sect ion  
3 . 3 . 3 ) .  However,  the t rue  impulse ampl i tude is  always a usefu l  i n d i c a t o r  of  
the s t a t e  of  the spark plug.  I f  the plug i s  producing impulses of lower a mp l i ­
tude than normal ,  i t  could need c l e a n i n g ,  or even r e p l a c i n g .
A f t e r  c a l i b r a t i o n ,  the des i red sampl ing r a t e  i s  determined using 4he
method t o  be descr ibed in Sect ion 3 . 2 . 4 .
Data a c q u i s i t i o n  begins immediate ly  a f t e r  the spark source has been t r i g ­
gered.  Care f u l  synchronisat ion between pulse product ion and data a c q u i s i t i o n  
i s  necessary in order that  s i gna l  averaging can be c a r r i e d  out .  Small  e r r o r s  
in t h i s  synchroni sat i on are the sub j ec t  of f u r t h e r  d i scuss i on in Sect ion  
3 . 2 . 3 .  Signal  averaging i s  considered f u r t h e r  in Sect ion 3 . 2 . 5 .
The programme was designed t o  overcome problems of impulse i n c o n s i s t e n c y .  
Each incoming pulse i s  c a r e f u l l y  moni tored.  I f  i t s  ampl i t ude or t i mi ng  do not  
s a t i s f y  c e r t a i n  pre-determined c r i t e r i a ,  the run w i l l  not  be inc l uded in the
Figurt 3.18
Flow Chirt of Btntrtl D*t« Acquisition Progrt««t "IMPULSES"
Beforehand,
( 1 ) ensure a m p l i f i e r  se t t i ng s  are c o r r e c t ,
( 2 ) c a l i b r a t e  microphone,
(3) determine cor r ec t  sampling r a t e  and desi red l oc a t i o n  of impulse peak.
Pulse  
ampli  tude  
wi t h i n  
acceptanc  
\ w i  ndow?/
Yes
" 'XarrectN  
1 ocat i  on?
Yes
Yes
E n o u g h \  
running  
averages?
Inc lude  in running average.
C a l i b r a t e  by m u l t i p l y i n g  a l l  data poi nts  by c a l i b r a t i o n  cons t ant .  Wr i t e  away 
2048 elements of averaged data___________________________________________
Input  number of averages to be i nc l ud ed ,  impulse ampl i tude acceptance window,  
and des i red impulse peak l o c a t i o n .  Set programmable o s c i l l a t o r  to desi red  
sampl ing f requency. ____________________________________________________________ _
Send t r i g g e r  pulse to DAC (and spark source) .  C o l l e c t  2048 data samples 
v i a  the ADC and s t ore  in i n t eger  a r r a y .  Convert  from i n t eg e r  to r e a l .  
Locate impulse peak and hence determine impulse ampl i tude and t i mi ng .
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■final averaged ver s i on .  Fur t her  d iscussion of the pulse-scanning procedure and 
sources of incons i s t ency  w i l l  be given in the f o l l o w i ng  sec t i ons .  The ampl i ­
tude acceptance window a d d i t i o n a l l y  ensures t h a t  any runs wi th ADC over f low  
w i l l  be det ected and r e j e c t e d .
3 .2 .2 .  Interpola tion
The o r i g i n a l  pulse-scanning procedure consisted of searching f o r  the sam­
ple at  which the s ignal  ampl i tude was h i ghes t .  This sample,  corresponding to  
the peak of the input  impulse,  i s  termed the "peak sample number" or PSN. The 
ampl i tude at  the PSN is  the impulse ampl i tude.  I f  the PSN did not correspond 
with the pre - determi ned des i red PSN, the run was r e j e c t e d .
The t ime taken f o r  the impulse to t r a v e l  from the source to the mi cro­
phone i s  given by
t  = PSN /  f ( 3 . 6 )s
where t  i s  t ime in mi l l i seco nds  and f  i s  sampl ing r a t e  in kHz. I t  soon 
became c l e a r  t h a t  i t  was necessary to determine t  more p r e c i s e l y .  The two 
main reasons f o r  the need f o r  g r e a t e r  accuracy were;
( 1 ) so t ha t  smal l e r  impulse t i mi ng  i n c o n s i s t en c i e s  could be detected and 
removed,  thus e f f e c t i v e l y  ensur ing improved consistency in impulse t iming  
(Sect ion 3 . 2 . 3 ) ,
( 2 ) so t h a t  the c o r r e c t  sampl ing r a t e  could be determined wi th g r e a t e r  p r e c i ­
sion (Sect ion 3 . 2 . 4 ) .
Two methods of improving the accuracy of t  were considered.  The f i r s t  
p o s s i b i l i t y  was using a h igher  sampl ing r a t e .  When 150 kHz ( the  maximum r a t e  
poss i b l e  on the present  apparatus)  i s  used i nstead of 46 kHz ( the r a t e  nor ­
mal l y  used) t her e  i s  a good improvement in the accuracy of t  (see below) .
The a l t e r n a t i v e  i s  i n t e r p o l a t i o n .  Here one c a l c u l a t e s  data values at  
i n t e r - sa mp l e  poi nt s  and f i nds  the " f r a c t i o n a l  peak sample number" or FPSN at  
which the impulse peak occurs.
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I n t e r p o l a t i o n  led to g r e a t e r  accuracy,  as the f o l l o w i n g  f i g u r e s  show.
Time i n t e r v a l  between two samples at 46 kHz = .0217 mi l l i seconds
" 150 kHz = .0067 mi l l i seconds
(31 ’/. of t h a t  at  46 kHz wi thout  i n t e r p o l a t i o n )
" " in .01 of a sample at  46 kHz = .0002 mi l l i seconds
(1 '/. of t ha t  at  46 kHz wi thout  i nterpol  at  i on)
I n t e r p o l a t i o n  can be used wi th any sampl ing r a t e .  When the sampl ing r a t e  
i s  i ncreased,  the e s s e n t i a l  par t s  of the inst rument  response may no longer  f i t  
i n t o  a 2048-element  ar ray}  a l a r g e r  ar r ay  may be r e qu i r e d .
For these reasons,  i n t e r p o l a t i o n  was the p r e f e r r e d  method.
3 .2 .2 . 1. Method of Interpolation
A polynomial  i s  f i t t e d  through an odd number of sampled data po i n t s  
around the impulse peak.  The number of poi nt s  i s  odd so t h a t  the sample at  
which the peak impulse ampl i tude occurs ( the PSN) i s  c e n t r a l ,  wi th an equal  
number of sample po i n t s  an e i t h e r  s i de .
The polynomial  f i t  i s  exact .  This means t ha t  f o r  n data p o i n t s ,  the f i t ­
ted polynomial  i s  of order  ( n - 1 ) .  The n polynomial  equat ions are summarised in
one mat r i x  equat i on ,  and the polynomial  c o e f f i c i e n t s  are c a l c u l a t e d  using 
Gaussian e l i m i n a t i o n ,  a form of t r i a n g u l a r  decomposi t ion (see,  f o r  example,  
Wi l k i nson,  1965) .  Using the r e s u l t i n g  pol ynomi a l ,  pressure i s  c a l c u l a t e d  at  
i n t e r - s a m p l e  po i n t s  ( ISP)  c lose to the impulse peak.  The ISP at  which the max­
imum pressure occurs i s  taken to be the FPSN. ISPs are u s u a l l y  .01 of a sam­
pl e  a p a r t .
The subrout i ne  " I n t e r p ea k"  performs the i n t e r p o l a t i o n .
3.2.2.2. Detailed Study of Interpolation
The above c a l c u l a t i o n  i nvo l ves  many s teps,  meaning t h a t  cumul a t i ve
compu t e r - a r i t hme t i c  e r r o r s  may a f f e c t  the accuracy of the f i n a l  r e s u l t .  The
higher  the order  of the pol ynomi a l ,  the more steps t he r e  a r e ,  and thus the
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gr e a t e r  the l i k e l i h o o d  of e r r o r .  For polynomials of order  14 and below,  t h i s  
e r r o r  was found to be n e g l i g i b l e .
The n data poi nt s  also had to be s h i f t e d  along the "sample number axis"  
towards the o r i g i n ,  so t ha t  the f i r s t  poi nt  occurred at  sample 1 , the n th at  
sample n, e t c .  This is  because normal ly  the n data poi nt s  occur at  high sample 
numbers; f o r  i ns t ance ,  at  46 kHz, the impulse normal ly  occurs a t  sample 483.  
I f  l a r g e  sample numbers are used in the i n t e r p o l a t i o n ,  e r r o r s  are i n t roduced.  
Thus the po i n t s  are s h i f t e d  to lower sample numbers dur ing the c a l c u l a t i o n s ,  
and a f t e r war d s  s h i f t e d  back to t h e i r  o r i g i n a l  po s i t i on s .
The most s u i t a b l e  order  of polynomial  had to be chosen. For the impulse,  
i t  was found t h a t  the higher  the order  of the pol ynomia l ,  the lower the c a l c u ­
l a t e d  FPSN. See the f i r s t  t hree  columns of Table 3 . 2 ( a )  f o r  an example.
To decide which order  of polynomial  was best ,  p l o t s  showing the o r i g i n a l  
data po i n t s  and comparing the f i t t e d  polynomials were made. The h i ghest  order  
gave the smoothest f i t  through the data po i n t s  around the peak.  Lower order  
pol ynomia ls  tended to produce loops nearer  the peak.  F igure  3 . 1 9  i l l u s t r a t e s  
t h i s ;  i t  compares polynomials of order  4,  8 and 14.
However,  the higher  the order of the po l ynomi a l ,  the longer  the pol yno­
mial  f i t t i n g  procedure t akes.  In the f a c t o r y ,  speed of data a c q u i s i t i o n  i s  an 
impor t ant  c o n s i d e r a t i o n .  I f  n i s  increased from 5 to 15, the t ime taken to 
gather  and average 50 data runs i ncreases by about 60 7. ( f rom 1 minute t o  1 
minute 36 seconds) .
Another source of v a r i a t i o n  of c a l c u l a t ed  FPSN is  the p o s i t i o n  of t he  PSN 
in r e l a t i o n  to  the n point s  to be used in the polynomial  f i t .  S l i g h t l y  
d i s p l a c i n g  the PSN from the c e n t r a l  p os i t i o n  was thought  to be a p a s s i b l e  way 
of compensat ing f o r  the f a c t  t h a t  the impulse i s  asymmetr i ca l .  Column 4 of  
Table 3 . 2 ( a )  shows t ha t  when pa i n t s  ( 1 -1 )  to (m-1) are used i ns t ead  of p o i n t s  
1 to m, the FPSN increases.  When po i n t s  (1+1) to (m+1) are  used,  the FPSN 
decreases,  as shown in the f i f t h  column. This l a t t e r  decrease has a g r e a t e r
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TABLES 3 . 2
RESULTS OF DETAILED STUDIES QF INTERPOLATION AROUND THE IMPULSE PEAK
TABLE 3 . 2 ( a )  Actual  FPSN % 4 83 . 0 .  Sampling r a t e  *  46kHz.
n ORDER FPSN when points  
1 to m are used,  
i e .  PSN is  cent r a l
FPSN when poi nt s  
(1 - 1 ) to (m-1 ) are  
used i nstead of  
po i n t s  1 to m
FPSN when points  
( 1 + 1 ) to (m+1 ) are  
used i nstead of  
poi nt s  1 to m
3 2 483.07 483.30 482.01
5 4 483.00 483.02 482.78
7 6 482.96 482.97 482.86
9 8 482.94 482.94 482.88
11 10 482.93 482.93 482.88
13 12 482.92 482.92 482.89
15 14 482.91 482.92 482.89
TABLE 3 . 2 ( b )  Actual  FPSN X 483 . 50 .  Sampling r a t e  X  46kHz.
n ORDER FPSN when points  
1 to m are used,  
i e .  PSN is  cen t r a l
FPSN when point s  
( 1 - 1 ) to (m- 1 ) are  
used inst ead of  
po i n t s  1 to m
FPSN when poi nt s  
( 1 + 1 ) to  (m+1 ) are  
used i nst ead  of 
pa i n t s  1 to m
3 2 483.56 483.52 483.01
5 4 483.49 483.50 483.46
7 6 483.48 483.49 483.48
9 8 483.48 483.48 483 .48
11 1 0 483.48 483.48 483 . 48
13 12 483.48 483.48 483.48
15 14 483.48 483.48 483.48
TABLE 3 . 2 ( c )
Actual
FPSN
D i f f e r e n c e  between 
FPSN's c a l c u l a t ed  
f o r  ns5 and nc 15 
polynomi a l s
Change in FPSN when po i n t s  (1+1) to (m+1) 
are used inst ead of po i n t s  1 t o  m
f o r  n=5 case f o r  n=15 case
482 . 5 . 0 2 .04 0
482 . 6 .05 .08 0
482.7 .07 . 1 2 0
482 . 8 .09 .17 . 0 1
482.9 . 1 0 . 2 1 . 0 1
483.0 .09 . 2 2 . 0 2
483.1 .07 . 23 .03
483.2 .05 . 2 2 . 03
483.3 .03 . 15 . 0 2
483.4 . 0 2 .07 . 0 1
483.5 . 0 1 . 03 0
magnitude than the  former i ncrease  because the onset of the impulse i s  s teeper  
than i t s  decay.  Both e f f e c t s  can be seen to decrease as the order  of the p o l y -
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Figurt 3.19 Comparison o-f Polynomials oi Di - f ferent  Orders F i t t e d  Through 
the Impulse Peaks Order 4 (Dashed) ,  Order B (Cont inuous) ,  and Order 14 
( Dot - Dash) .  The Higher the Order ,  the Less "Loopy" the Curve Near the  
Peak.
-  81 -
n o m i a l  i n c r e a s e s .
A systemat ic  survey was c a r r i e d  out to discover  how the pos i t i o n  of the
ac t ua l  FPSN wi th respect  to i t s  two neighbour ing sample poi nt s  i n f l uences  the
ext ent  of the aforement ioned v a r i a t i o n s .  The v a r i a t i o n s  are found to be l ess  
when the FPSN is  h a l f  way between the two samples,  r a t he r  than c loser  to one
or the o t her .  This can be seen by comparing Tables 3 . 2 ( a )  and ( b ) .  In Table
3 . 2 ( a ) ,  the i n t e r p o l a t e d  FPSN is  v i r t u a l l y  at  the same p o s i t i o n  as sample 483.  
In Table 3 . 2 ( b ) ,  the FPSN is  h a l f  way between two samples,  at  483 . 5 .  Table  
3 . 2 ( b )  shows a smal l er  FPSN decrease wi th i nc r eas i ng  polynomial  o r der ,  and 
l ess FPSN v a r i a t i o n  wi th PSN p o s i t i o n .  In Table 3 . 2 ( b )  the r e s u l t s  are i d e n t i ­
cal  f o r  polynomials of order  8 , 10,  12 and 14; so in t h i s  case,  r e s u l t s
obtained when using a polynomial  of order  8 are j u s t  as accura t e  as those  
obtained when using a polynomial  of order  14, and they are obtained more
q u i c k l y .
Table 3 . 2 ( c )  summarises what happens as the i n t e r p o l a t e d  FPSN moves
f u r t h e r  away from the mi d-po i n t  of the two samples.  Column 2 shows an i n c r e a s ­
ing d i f f e r e n c e  in FPSN between the n=5 and n = 15 pol ynomia ls .  Columns 3 and 4 
show an i nc r eas i ng  e f f e c t  on the FPSN when the n po i n t s  are  s h i f t e d ,  and t h a t  
t h i s  e f f e c t  i s  much less when ns 15 than when n=5.
From the above d e t a i l e d  i n v e s t i g a t i o n s  of the i n t e r p o l a t i o n  procedure ,
the "standard" FPSN was chosen t o  be 483 .50  ( r a t he r  than 483 . 00 )  dur ing data  
runs using a sampl ing r a t e  of about 46 kHz. Nine po i n t s  r a t h e r  than 15 are  
used f o r  the polynomial  f i t ,  to g i ve  optimum accuracy and speed.  The PSN i s  
placed at  the cent r e  of the nine p o i n t s ,  al though s h i f t i n g  i t  to the r i g h t  or 
l e f t  would make no d i f f e r e n c e  to the r e s u l t  here.
3.2.3. I«pulc» Inconsistency Investigations
3.2.3.1. 8ourc«f of I n c o m i f t t n c y  and Remedies
I d e a l l y ,  when s ignal  averaging i s  c a r r i e d  out ,  each impulse should be
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i d e n t i c a l .  For t,his reason,  much t ime has been spent consider ing the problem 
of impulse inconsi s tency  and how to solve i t .
The two most convenient  i n d i c a t o r s  of impulse incons i s t ency  are pulse  
t iming and pulse ampl i tude.
Sources of inconsi s tency  can be considered in three  c a t eg o r i es .  The f i r s t  
i s  the spark source i t s e l f .  In Sect ion 3 . 1 . 2 . 2 ,  spark sources were seen to be 
i n h e r e n t l y  i n c o n s i s t en t .  V a r i a t i o n  in ampl i tude i s  the most obvious r e s u l t .  
Small  random v a r i a t i o n s  in shape w i l l  also produce smal l  changes in the p r e ­
c ise t iming of the impulse peak.
ft second source of impulse i ncons i s tency  i s  ambient  c o n d i t i on s ,  in p a r ­
t i c u l a r  ambient temperature .  A change in t emperature produces a change in
impulse v e l o c i t y  in the source t ube ,  and hence in the t i mi ng  of the impulse.
The point  i s  considered in Sect ion 3 . 2 . 4 .
An a d d i t i o n a l  source of t iming incons i s tency  i s  an i nh e r e n t  f a u l t  in the  
computer sampling process.  The pr ec i se  i n s t a n t  at  which the computer sampl ing  
process begins a f t e r  the pulse has been t r i g g e r e d  may vary by one or two sam­
ple per i ods ,  because the CPU clock and the sampl ing ( e x t e r n a l )  c lock are  not
synchronised.  This would r e s u l t  in the whole data record being s h i f t e d  by one 
or two sample per i ods .  The data a c q u i s i t i o n  programme now cont a i ns  so f t war e  
which det ec t s  when t h i s  occurs and s h i f t s  the whole record back to i t s  
" cor r e c t "  p o s i t i o n .  I f  t h i s  c or r e c t i o n  were not  made, s i gna l  averaging would 
lead to b l u r r i n g .
With i n t e r p o l a t i o n ,  very smal l  changes in pulse t i mi ng can be d e t e c t e d .  
Exper ience has shown t ha t  most random changes in t i mi ng occur w i t h i n  a range  
of .06 of a sample at  46 kHz ( i e .  1 . 3  microseconds) .  Data runs whose FPSN l i e s  
out s i de  t h i s  .06 " a c c e p t a b i l i t y  window",  t y p i c a l l y  from FPSN's 483 . 47  to  
483 . 53  i n c l u s i v e ,  are now r e j e c t e d .  This t e s t  i s  t h e r e f o r e  now much more 
s t r i n g e n t  than i t  was before i n t e r p o l a t i o n  was i nt roduced.
S i m i l a r l y ,  when the impulse ampl i tude does not l i e  w i t h i n  c e r t a i n  l i m i t s ,
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the run is  r e j e c t e d .  The ADC vo l t age  range i s  -from -10 to +10 v o l t s .  The
ampl i tude window is  usua l l y  2 v o l t s  and placed near the upper end of the ADC
range,  al though p l ac i ng  i t  at  any p o s i t i o n  wi t h i n  the 1 0 - v o l t  range w i l l  give  
adequate r e s o l u t i o n .
I f  a l l  impulses were i d e n t i c a l  in shape an ampl i tude window would not be 
necessary ( apar t  from the need of an upper l i m i t  to prevent  ADC o v e r f l o w ) .  
Tests have shown t h a t  the general  impulse shape is  the same but smal l  v a r i a ­
t io ns  may occur .  When l a r g e r  v a r i a t i o n s  in shape occur ,  they are accompanied 
by a g r e a t e r  change in t iming or ampl i tude;  as each impulse i s  t es t ed  f o r  i t s  
a c c e p t a b i l i t y  wi th respect  to t i mi ng and ampl i t ude ,  any pulses wi th p a r t i c u ­
l a r l y  adverse shape w i l l  a u t o m a t i c a l l y  be detected and excluded from the a v e r ­
aged ver s i on .
3.2.3.2. Method of Monitoring Inconsistencies
To i n v e s t i g a t e  the problem of impulse incons i s t ency  more c a r e f u l l y ,  com­
puter  so f t war e  has been w r i t t e n  which s tor es  the ampl i tude and t i mi ng of each 
successive impulse.  Add i t i on a l  parameters,  f o r  i ns t an ce ,  the root  mean square  
(rms) background noise l e v e l  and the t ime i n t e r v a l  between the impulse and 
l a t e r  f e a t u r e s  in the record ,  may a l so be w r i t t e n  away. This i n f o r ma t i o n  can
be analysed in four  d i f f e r e n t  ways.
F i r s t ,  f o r  many impulses in succession,  o v e r a l l  d i s t r i b u t i o n s  of  each 
parameter  can be p l o t t e d ,  and var i ous  s t a t i s t i c a l  va l ues ,  eg. mean, mode and 
standard d e v i a t i o n ,  can be c a l c u l a t e d .  An example i s  given in F i gure  3 . 20  
which shows the d i s t r i b u t i o n  of impulse ampl i tude in v o l t s  f o r  1475 successive  
impulses.  (This  d i s t r i b u t i o n  was n e i t he r  Gaussian nor B i no mi a l . )  The t a i l  at  
lower ampl i t udes suggests cases in which the spark discharged be f ore  the v o l ­
tage across the spark gap had reached i t s  maximum value.
A p l o t  of o v e r a l l  d i s t r i b u t i o n  of FPSN ( t i mi ng)  w i l l  normal l y  only  be 
useful  i f  the t emperature stayed constant  throughout  the r ead i ngs .  A tempera­
t u r e  change w i l l  broaden the d i s t r i b u t i o n .  The o v e r a l l  d i s t r i b u t i o n  gi ves  no
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Figure 3.20 D i s t r i b u t i o n  o-f Impulse Ampl i tudes in Vol ts  -for 1475 
Successive Impulses.
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i n f o rmat i on  about  how the parameter va r i es  as t ime progresses.  To look at  
t h i s ,  one would p l o t  the value o-f the parameter  -for each impulse in t u r n .  F i g ­
ure 3.21 shows the r un- by- r un v a r i a t i o n  o-f FPSN over 200 runs dur ing a tem­
per a t ur e  r i s e  o-f . 3 °C.  This p l o t  r evea l s  a gradual  decrease in FPSN, al though  
many a d d i t i o n a l  random v a r i a t i o n s  can be seen.  These random f l u c t u a t i o n s  could 
sometimes obscure a gradual  i ncrease or decrease of a parameter .  C a l c u l a t i o n  
of the mean and standard d e v i a t i o n  over the previous ten runs f o r  each impulse  
in turn  can help to provide a c l e a r e r  p i c t u r e  -  see Figure 3 . 2 2 .  Care should 
be taken when i n t e r p r e t i n g  these r e s u l t s ;  an apparent  peak or t rough may be 
caused by one spur ious impulse.
The f o u r t h  way of obt a i n i ng  useful  i n f ormat i on  from the parameter  v a r i a ­
t i o n  data i s  to determine how the running average changes wi th i ncr eas i ng  
number of averages.  With impulse ampl i tude ,  the v a r i a b i l i t y  of the running  
average was u s u a l l y  l a rge  f o r  the f i r s t  few impulses,  but became s t e a d i e r  as 
the number of averages increased (see Figure  3 . 2 3 ) .  This i l l u s t r a t e s  why s t a ­
t i s t i c a l  v a r i a t i o n s  are more l i k e l y  to be reduced when more averages a r e  used.
I t  has a l so  been i n t e r e s t i n g  to i n v e s t i g a t e  the running average of back­
ground noise l e v e l ;  t h i s  work is  presented in Sect ion 3 . 2 . 5 .
In the next  sect i on  f u r t h e r  r e s u l t s  of the above methods of  i ncons i s t ency  
i n v e s t i g a t i o n  w i l l  be given.
3.2.3.3* Rttultc of Inconsistency Invsstigttions
I n v e s t i g a t i o n s  i n t o  var i ous  aspects of impulse i ncon s i s t ency  have been 
c a r r i e d  out .
F i r s t ,  an i n v e s t i g a t i o n  was c a r r i e d  out i n t o  whether t h e r e  was a d i s c e r ­
n i b l e  p a t t e r n  in the way t h a t  impulse ampl i tude var i ed  as the number of suc­
cessive  f i r i n g s  i ncreased.  The run- by - run  v a r i a t i o n  of ampl i tude over 200 suc­
cessive  runs revea l ed no c l e a r  t rend (F igure  3 . 2 4 ) .  C a l c u l a t i n g  the mean aver  
every prev i ous  ten runs was a lso un h e l p f u l .  V a r i a t i o n  of running average some­
t imes showed a decrease (F i gure  3 . 2 5 ) ,  suggest ing t ha t  impulse ampl i t ude
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FiQUrt 3.21 Run-by-Run V a r i a t i o n  o-f FPSN -for 200 Consecut ive Spark 
Impulses During a Temperature Rise o-f 0 . 3  DC.
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Figure 3i23 Variation of Running Average of Spark Impulse Amplitude with 
Increasing Number of Averages for  1475 Successive Impulses.
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Figurt 3.25 V a r i a t i o n  o-f Running Average o-f Impulse Ampl i tude-  wi th  
I ncr eas i ng  Number o-f Averages -for 200 Successive Spark Impulses.
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decreased wi th t ime whi le  the plug was c o n t i n u a l l y  - f i r i n g .  However,  t h i s  did 
not always happen -  see,  for  i ns t ance ,  F igure  3 . 2 3 .  From four  independent  
i n v e s t i g a t i o n s  in t h i s  area no c l e a r  t rend could be deduced.
The random v a r i a t i o n  of impulse t iming can be seen in Figure 3 . 2 6 ,  a p l o t  
of o v e r a l l  FPSN d i s t r i b u t i o n  f o r  110 consecut ive impulses.  Here the tempera­
t ure  stayed constant  throughout .  83'/. of runs l ay  wi t h i n  a t iming window of .06  
samples (at  46 kHz) .  This percentage va r i e s ;  on two other  occasions at  which
the temperature  stayed constant  i t  was 85'/. and 53*/..
Exper ience has shown tha t  impulse consistency va r i e s  from one day to the  
next .  Ampl i tude v a r i a t i o n  is  worse on some days than on other  days.  For 
i ns t ance ,  on a c e r t a i n  day,  the standard d e v i a t i o n  of an ampl i tude d i s t r i b u ­
t ion  was . 60 v o l t s ,  and four  days l a t e r  i t  was . 49 v o l t s .  The extent  of the
v a r i a t i o n  was o r i g i n a l l y  thought to be dependent on ambient  condi t i ons  such as
calmness of  weather .  The measurement l a b o r a t o r y  was su scep t i b l e  to weather
co n d i t i o n s ,  being s i t u a t e d  on a h i l l .  However,  impulse readings were sometimes 
more con s i s t en t  dur ing stormy weather than dur ing calm weather .  The cause of
v a r i a t i o n  of consistency between days s t i l l  remains obscure.
An exper iment  was c a r r i e d  out to determine whether consistency was 
r e l a t e d  to t he  ext ent  to which the apparatus had warmed up a f t e r  swi tchi ng on.  
The f i r s t  50 runs immediately a f t e r  swi tching on had an ampl i tude standard  
d e v i a t i o n  of  .50 v o l t s .  A f t e r  25 minutes,  a f u r t h e r  50 consecut ive  impulses  
had a s l i g h t l y  lower standard d e v i a t i o n  of . 43  v o l t s .  There fore  the t ime f o r  
which the apparatus has been swi tched on may have a smal l  e f f e c t  on impulse  
consi s tency ,  but t her e  i s  obviously  a more i mpor tant  f a c t o r  i nvo l ved .
Comparison of loudspeaker  and spark sources revea l ed t h a t  the loudspeaker  
was f a r  l ess  sus c e p t i b l e  to random t iming v a r i a t i o n s .  F igure  3 . 27  shows r un-  
by-run v a r i a t i o n  of FPSN f o r  200 loudspeaker impulses dur ing a t emperat ure  
drop.  This i s  seen to be f a r  smoother than f o r  the spark source (see,  f o r  
example,  F i gure  3 . 2 5 ) .  S u r p r i s i n g l y , the consistency of the loudspeaker
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impulse ampl i tudes was s l i g h t l y  worse wi th a g r e a t e r  ampl i tude range and s t an ­
dard d e v i a t i o n .  The reason -for t h i s  i s  not c l e a r .  One would have expected
g r e a t e r  ampl i tude consistency wi th the loudspeaker .
F i n a l l y ,  the e f f e c t  of a l o c a l i s e d  t emperature change has been c l o s e l y  
moni tored.  Whi le the spark source was - f i r i ng ,  a hand was placed on the open-  
ended source tube -for one minute to produce a l o c a l i s e d  temperature  r i s e .  The 
hand was removed and the impulses cont inued dur ing the ensuing temperature  
drop.  For each impulse,  the FPSN o-f the -forward impulse and i t s  r e f l e c t i o n  
from the open end were moni tored.  The exper iment  was c a r r i e d  out t w i ce ,  f i r s t  
with the hand placed between the spark source and microphone,  and secondly  
with the hand between the microphone and the open end. In the f i r s t  exper iment  
the mean FPSN's of both the i n c i de n t  and r e f l e c t e d  impulses dropped by about  
0. 07  samples,  then g r a dua l l y  increased as the t emperature  decreased.  In the 
second exper iment ,  the FPSN of the r e f l e c t e d  impulse was i n i t i a l l y  reduced by 
. 29 samples wi th the i n c i d e n t  impulse FPSN s t ay i ng  about  the same. This  
g r e a t e r  r educt i on  i s  because the impulse t r a v e l s  t w i ce  through the warmer 
region bef ore  reaching the microphone.  These exper iments i l l u s t r a t e  t h a t  han­
d l i ng  a brass inst rument  before  measurements could r e s u l t  in smal l  s h i f t s  in
the t i mi ngs  of i t s  t r a n s i e n t  response f e a t u r e s .  T h e r e f or e ,  thermal  gloves  
should be worn when handl ing inst rument s .  I nst ruments should be handled f o r  as 
shor t  a t ime as poss i b l e ,  and i nst ruments should,  i f  p o s s i b l e ,  be l e f t  on the  
apparatus f o r  a whi l e  before they are  measured, to g i ve  t ime f o r  the warmer 
areas to cool .
3.2.4a Compensation for Ambient Temperature Drift*
3.2.4.1. Nhy Temperature Compensation it Neceeiary
From the Gas Laws, the v e l o c i t y  of sound in f r e e  a i r  i s  p r o p o r t i on a l  to  
the square root  of the absol ut e  t emperature .  The v e l o c i t y  of sound in a 
c y l i n d r i c a l  tube v a r i e s  in a s i m i l a r  way wi th t empera t ure ,  except  t h a t  i t  w i l l
be lower because o-f v i sco- t he r ma l  losses (Weston,  195?.' .  I t  a lso v a r i e s  wi th 
f requency.  Accor d i ng l y ,  an i ncrease  (or decrease)  in ambient  t emperature w i l l  
r e s u l t  in an i ncrease  (or decrease)  in impulse v e l o c i t y ,  and hence a decrease  
(or increase)  in impulse FPSNj so a l l  f e a t u r e s  of the measured t r a n s i e n t  
response w i l l  occur s l i g h t l y  too e a r l y  (or l a t e ) ,  i e .  the response is  
"squashed" (or " s t r e t c h e d " ) .  This creat es  problems when a d i r e c t  comparison of 
two t r a n s i e n t  responses measured at  d i f f e r e n t  temperatures i s  r e q u i r e d .
T r ans i en t  responses are normal ly  compared by f i n d i n g  t h e i r  a r i t h m e t i c a l  
d i f f e r e n c e  (more d e t a i l  on t h i s  i s  found in Sect ion 4 . 2 ) .  A l a r g e  a r i t h m e t i c a l  
d i f f e r e n c e  denotes a s i g n i f i c a n t  physical  d i f f e r e n c e  between inst r uments .  
S h i f t e d  t r a n s i e n t  response f ea t ur e s  w i l l  lead to a d d i t i o n a l  spikes in the  
a r i t h m e t i c a l  d i f f e r e n c e  p l o t  which should not be t h e r e .  See,  f o r  example,  F i g ­
ure 3 . 2 8 ,  which shows the a r i t h m e t i c a l  d i f f e r e n c e  between two t r a n s i e n t  
responses of the same trombone,  but measured at  d i f f e r e n t  t empera t ures ,  one at  
20 °C and one at  23 °C.
3.2.4.2. C o i p t n n t i o n  by Changing Stapling Rata
The s o l u t i o n  i s  simply to modify the sampl ing r a t e  as necessary so t h a t  
the impulse always occurs at  the same f i x e d  FPSN. Subsequent p l o t s  and pro­
cessing are c a r r i e d  out as i f  the sampling r a t e s  were not changed.
The f i x e d  FPSN is  u s u a l l y  483.50 (as expla ined in Sect ion 3 . 2 . 2 . 2 ) .  The 
c o r r e c t  sampl ing r a t e  i s  chosen on the basis  of the v e l o c i t y  of sound in the  
source tube between the spark source and the microphone.  The i n i t i a l  choice of  
sampl ing r a t e ,  f  , i s  c lose to 46 kHz (and can be c a l c u l a t e d  from the meas­
ured ambient  t emperature  using the r e l a t i o n s h i p  to be given in Sect ion  
3 . 2 . 4 . 3 ) .  This  produces an FPSN, x^. The c o r r e c t  sampl ing r a t e ,  f  ^ r e s u l t s  
in an FPSN of 483 . 50 .  As the t ime taken f o r  the impulse to reach the micro­
phone i s  the same in both cases,  the f o l l o w i n g  equat ions can be w r i t t e n .
ARITHMETICAL DIFFERENCE
FiQUr« 3.28 Arithmetical Difference Between Two Transient Responses o-f 
the Same Trombone Measured at D i f ferent  Temperatures (20 and 23 °C) 
Using a Sampling Rate of 46 kHz.
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( 3 . 7 b )
In p r a c t i c e ,  x i s  the mean o-f ten p r e l i m i n a r y  FPSN's because o-f the s t a t i s t i ­
cal  v a r i a t i o n s  in impulse t i mi ng .  The sof tware  -for o b t a i n i ng  the c o r r ec t  sam­
p l i ng  r a t e  is  as -fol lows (a - f lowchart  i s  given in Figure 3 . 2 9 ) .
(1) The impulse source - f i res ten t imes.  Data i s  read in at  sampl ing r a t e  f 
and a l l  FPSN's are noted.  Some o-f these FPSN's w i l l  be one or two samples 
higher  than the r es t  because o-f the computer e r r o r  (ment ioned in Sect ion
3 . 2 . 3 . 1 ) .  The l a t e s t  FPSN, termed "FPSNMAX", i s  noted.
(2) The impulse source - f i res a - further  ten t imes and data i s  again c o l l e c t e d  
at  r a t e  f j .  I f  an FPSN is  more than . 6  samples lower than FPSNMAX, the  
whole record is  s h i f t e d  on one sample to compensate f o r  the computer  
e r r o r .  The mean (x^) of the ten FPSN's i s  c a l cu l a t ed  and used to d e t e r ­
mine the new sampl ing r a t e  f  . FPSNMAX is  modi f i ed by m u l t i p l y i n g  i t  byS Z
( f  . / f  n >." si  s2
(3) A f u r t h e r  ten runs are performed using the new sampl ing r a t e  f ^ i  an  ^ the  
mean FPSN is  c a l c u l a t e d .  I f  the mean i s  s u f f i c i e n t l y  c l ose  to 4 8 3 . 5 0 ,  
f u r t h e r  runs are c a r r i e d  out using r a t e  f . I f  not ,  a new f ^  * s c a l c u ­
l a t e d  based on the new mean, and the t e s t  i s  repeated u n t i l  the c o r r ec t
r a t e  i s  found.
With i n t e r p o l a t i o n ,  the cor r e c t  sampl ing r a t e  can be determined f a r  more 
a c c u r a t e l y .  To demonstrate t h i s ,  a trombone was measured t wi ce  -  f i r s t  in i t s  
standard s t a t e ,  and secondly wi th i t s  waterkey open. The a r i t h m e t i c a l  d i f f e r ­
ence was found.  The two measurements were c a r r i e d  out t h r ee  t imes. '  In each 
case,  the t emperature  compensation procedure was used; in two cases i n t e r p o l a ­
t i o n  was used but in the other  case i t  was not .  F igure  3 . 30  compares the t h r ee  
a r i t h m e t i c a l  d i f f e r e n c e  p l o t s .  Wi thout  i n t e r p o l a t i o n  the p l o t  i s  l ess  smooth 
with spikes occur r ing before the waterkey p o s i t i o n .  (This  shows t h a t
or
f _ = 483.50 -  s2 x
si
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Figur« 3.29
Flow Chart to Illuitrata tha Sttpi Involved 
in Finding the Correct Sampling Rate
Yes
mean FPSN 
•stiff i c i e n t l y  
\ c l o s e  t o  y  
\ 4 8 3 . 5 0 y
Cont inue wi th data a c q u i s i t i o n
C a l c u l a t e  the new sampling r a t e  f
and modi fy FPSNMAX as necessary.
(3) Record 10 impulses using sampling r a t e  f . 
C a l c u l a t e  the mean FPSN of these 10.
(2) Record a f u r t h e r  10 impulses using sampl ing r a t e  f . 
C a l c u l a t e  the mean FPSN of these 10.
(1) Record 10 impulses using sampling r a t e  f ,
Note FPSNMAX f o r  computer -er ror  compensation on a l l  f u t u r e  runs.
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Figurt 3.30 Comparison o-f A r i t h m e t i c a l  D i f f e r e n c e  P l o t s  wi th and wi t hout  
the Use of I n t e r p o l a t i o n  During the Measurements,  (a) No I n t e r p o l a t i o n ,  
(b) I n t e r p o l a t i o n  to an Accuracy of .1 Samples,  (c) I n t e r p o l a t i o n  to an 
Accuracy of .01 Samples.
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corresponding f e a t u r e s  on the two inst rument  response curves are at  s l . g h t l y  
d i f f e r e n t  p o s i t i o n s  because of a s l i g h t l y  i n accur a t e  choice of sampl ing r a t e . )  
To set  the se l ec t ed  sampl ing r a t e  as p r e c i s e l y  as po s s i b l e ,  the f requency
r e s o l u t i o n  of the programmable o s c i l l a t o r  should be good. The Adret  o s c i l l a t o r  
i s  accura t e  to .1 Hz. An accuracy of at  l e a s t  six decimal  places i s  r eq u i r e d .
3.2.4.3. Relationship between Tenpereture tnd Sampling Rite
Such a r e l a t i o n s h i p  would be useful  because then the sampl ing r a t e  could
be a u t o m a t i c a l l y  p r ed i c t ed  from measured ambient  t emperat ure .  However,  the  
prec i se  r e l a t i o n s h i p  between temperature and v e l o c i t y  of sound in a tube i s  
not yet  known. I f  tube v e l o c i t y  i s  assumed to be c lose to f r e e  a i r  v e l o c i t y ,  
then tube v e l o c i t y ,  and hence sampl ing r a t e ,  w i l l  be roughly  p r o p o r t i o n a l  to  
the square r oo t  of the absolute  t emperature.
To i n v e s t i g a t e  whether t h i s  was so,  a l l  measurements c a r r i e d  out using
the standard 12.7 m i l l i m e t r e  i n t e r n a l  diameter  source tube over a per iod of
seven months were reviewed,  and a note was made of sampl ing r a t e s  used a t  d i f ­
f e r e n t  t emperat ures .  The r e s u l t  i s  p l o t t e d  in F i gure  3 . 3 1 .  The r e l a t i o n s h i p  i s  
seen to be l i n e a r .  A l i n e a r  regress i on programme produced t he  f o l l o w i n g  r e l a ­
t i o n s h i p .
f = 44.2627 + .079 T ( 3 . 8 )s
where f  i s  sampl ing r a t e  in kHz and T i s  t e m p e r a t u r e . in °  C e l s i u s .
As the temperature range covered in the above data i s  smal l  (15 to 25 
° C ) ,  i t  i s  poss i b l e  t ha t  the proposed square root  curve in t h a t  r eg i on  may be 
a good approximat ion to a s t r a i g h t  l i n e .
The above l i n e a r  r e l a t i o n s h i p  has been used to make a f i r s t  approx i mat i on  
to the c o r r e c t  sampling r a t e .
3.2.5. 8igntl A v t n g i n g
Signal  averaging improves the S-N r a t i o  when the noise i s
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Figurt 3*31 Relationship Between Sampling Rate and Temperature -for 
Consistent FPSN.
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(1)  random,
( 2 ) uricorrel  a t e d , or l i n e a r l y  independent ,  i e .  the average of a product  of
two random v a r i a b l e s  i s  equal  to the product  of the averages,  i e .
(V1V2} = vl*v2 (3,9)
(3)  ergodi c ,  i e .  t ime averages of almost a l l  poss i b l e  sample sequences are
equal  to the same constant  and equal  to the same ensemble average,
(4) s t a t i o n a r y ,  i e .  a l l  p r o b a b i l i t y  f u nc t i o ns  are independent  of a s h i f t  of
t ime o r i g i n .
(See Oppenheim and Schaf er ,  1975,  c h . 8 . )  To s a t i s f y  these c r i t e r i a ,  the sam­
p l i ng  r a t e  must not be a m u l t i p l e  of the mains f requency,  50 Hz, i e .  i t  must 
not take on values of 4 5 . 95 ,  4 6 . 0 0 ,  46 .05  kHz, e t c .
The i n c i d e n t  impulse should i d e a l l y  be i d e n t i c a l  for  each data record.  
Although spark impulses are i n c o n s i s t e n t ,  as discussed e a r l i e r ,  t h e i r  con­
s i s t ency  has e f f e c t i v e l y  been improved by r e j e c t i n g  impulses which l i e  out s i de  
s t r i n g e n t  l i m i t s  of a c c e p t a b i l i t y  in ampl i tude and t i mi ng .
In Sect ions 3 . 1 . 1  and 3 . 1 . 2 . 1 ,  the problem of a smal l  e x t r a  DC v o l t age  
appear ing on the ADC was ment ioned.  A simple-model  of background noise v a r i a ­
t i o n  was developed to i n v e s t i g a t e  whether t h i s  was happening.  The noise l e v e l  
i s  taken to be the rms of m samples of random noise .  When a number, N of suc­
cessive  sequences of m samples are added, the rms noise l e v e l  of the r e s u l t i n g  
sequence increases  wi th J7.  To f i n d  the running average,  the rms l ev e l  of  the  
r e s u l t i n g  sequence i s  d i v i ded  by N. Thus,  when s i gna l  averaging i s  c a r r i e d  
out ,  the rms background noise l e v e l  decreases wi th 1/  ( 7 ,  i e .  the S-N r a t i o  
i ncreases wi th 17.
A computer programme, IBGMQDEL2, was w r i t t e n  to v e r i f y  t h i s .  I t  was 
s t r u c t u r e d  as f o l l ows .
(1) Generate a sequence of m random numbers between - . 1  and + . 1}  f i n d  the rms 
of these ( N - l ) .
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(2) Add f u r t h e r  sequences (N = 2 , 3 . . . )  of m random numbers to the f i r s t  
sequence,  each t ime c a l c u l a t i n g  the rms of the r e s u l t i n g  sequence and 
d i v i d i n g  i t  N.
Figure 3 . 32  shows the 1/  >17 v a r i a t i o n  of mean rms l eve l  over 200 runs,  as 
expected.
To s i mul a t e  the e f f e c t  of the smal l  a d d i t i o n a l  vo l t age  on the ADC, a 
smal l  number, 0 . 0 3 ,  was added to each generated random number. F igure  3 . 33  
shows t h a t  the curve tends towards 0 . 0 3 ,  i nstead of zero.
The rms noise v a r i a t i o n  over 200 runs was then c a l c u l a t e d  f o r  r e a l  meas­
ured data using a se l ec t ed  range of about 2 0 0  samples be f or e  the a r r i v a l  of  
the acoust i c  impulse.  The r e s u l t  i s  shown in F igure  3 . 34 .  This curve i s  not as
smooth as the t h e o r e t i c a l  curves.  The noise l eve l  c e r t a i n l y  decreases a f t e r  
the f i r s t  few runs,  but then f l u c t u a t e s ,  and f o r  the f i n a l  few runs appears to  
i ncrease .  The f l u c t u a t i o n  suggests t ha t  the noise d i s t r i b u t i o n  may not be 
pure l y  random. No conclusion about the presence of an a d d i t i o n a l  v o l t a g e  on 
the ADC can be made from t h i s  p l o t .
3.2.6. Summary of Section 3.2
In t h i s  s e c t i o n ,  the e s s e n t i a l  f e a t ur e s  of the data a c q u i s i t i o n  so f t wa r e  
were descr i bed ,  i nc l ud i ng  microphone c a l i b r a t i o n ,  source t r i g g e r i n g ,  c o l l e c ­
t i o n  of 2048 samples of data and s ignal  averaging of s u i t a b l e  data runs.
The programme now cont a ins  r e f i n e d  procedures f o r  de t e c t i ng  i n c o n s i s t e n ­
c i es  in impulse ampl i tude and t i mi ng .  I n c o n s i s t e n t  runs are not i nc l uded in
the f i n a l  averaged v e r s i on ,  so in e f f e c t ,  the problem of spark source incon­
s i s t e n c y  i s  solved.
I n t e r p o l a t i o n ,  using a polynomial  f i t  by Gaussian e l i m i n a t i o n ,  det er mi nes  
the p r ec i s e  l o c a t i on  of the impulse peak to an accuracy of 0 . 0 1  of a sample.
I t  has enabled ca r e f u l  i n v e s t i g a t i o n s  of var ious aspects of  impulse incon­
s i s t en c y  to be c a r r i ed  out .
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Figure 3.32 V a r i a t i o n  of  Mean RMS Level  of  N Sequences of m Computer-  
Generated Random Numbers wi th Successive Values of N up to 200.
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Figurt 3.33 As f o r  F igure  3 . 3 2 ,  but  wi th 0 . 0 3  Added to Each Generated  
Random Number.
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Figure 3*34 As f o r  F igure  3 . 32 ,  but Using 200 Sequences of 200 Samples 
of Measured Background Noise (Before the A r r i v a l  of the Acoust i c  
I mp u l se ) .
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V a r i a t i o n s  of ambient temperature cause the impulse t iming to change,  
which i s  i nconveni ent  when comparisons of responses are des i r ed .  This problem 
has been overcome by modi fying the sampl ing r a t e  to compensate f o r  the tem­
p er a t u r e  change.  I n t e r p o l a t i o n  ensures t h a t  the r equ i r ed  sampl ing r a t e  is  
determined as a c c u r a t e l y  as poss i b l e .
F i n a l l y ,  the e f f e c t i v e n e s s  of the s i gna l  averaging technique has been 
assessed by comparing the t rue  v a r i a t i o n  of background noise l e v e l  wi th the  
r e s u l t s  p r e d i c t ed  by a t h e o r e t i c a l  model.
3.3. Measurements for Analysis or Comparison
3.3.1. Introduction
Measurements of inst ruments can be d i v i ded  i n t o  two c a t e g o r i e s .
(1) Those to be used f or  l a t e r  t h e o r e t i c a l  an a l y s i s ;  a n a l ys i s  procedures w i l l
be d e a l t  wi th in Chapter 5.
(2) Those i nv o l v i ng  the comparison of two inst rument s ,  nor mal l y  of the same 
model;  t h i s  i s  discussed in Chapter 4.
Al though the e s s e n t i a l  exper imental  t echniques,  to be descr ibed in the next  
s e c t i o n ,  are the same f o r  both c a t eg o r i e s ,  t here  are d i f f e r e n c e s  in the subse­
quent process ing.  Standard post-measurement processing w i l l  be exp l a i ned  and
then d e t a i l s  of  the ext ra  measurements requ i red  f o r  the a n a l y s i s  w i l l  be
given.  F i n a l l y  some examples of measurements t ha t  have been made on a v a r i e t y  
of brass i nst ruments  w i l l  be given.
3.3.2. Suiitry of Practical Details
The apparatus i s  switched on and given t ime to s e t t l e  to a steady s t a t e  
(a t  l e a s t  ten minutes) .  During measurements l a b o r a t o r y  windows and doors are  
kept closed and c u r t a i n s  are drawn to minimise the e f f e c t s  of weather  (wind,  
sun) on ambient  condi t i ons .  Before a set  of measurements i s  made, the spark  
plug e l e c t r o d e s  are cleaned by brushing to reduce the e f f e c t s  of cor r os i on  
(Sect ion 3 . 1 . 2 . 3 ) .
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When handl ing inst r ument s ,  thermal  gloves are worn to minimise heat  
t r a n s f e r  from the hands to the inst rument  (Sect ion 3 . 2 . 3 . 3 ) .  This a lso pro-  
t e c t s  the sur f ace  of the inst rument  (sometimes s i l v e r  p l a t e )  from f i n g e r
marks.
The adjustment  of a m p l i f i e r  gain s e t t i n g s  and c a l i b r a t i o n  have been d i s ­
cussed in Sect ion 3 . 2 . 1 .  The method of s e t t i n g  up the c o r r e c t  sampl ing r a t e  
was expla ined in Sect ion 3 . 2 . 4 . 2 .
Before data a c q u i s i t i o n  begins,  the number of averages,  and the impulse  
t iming and ampl i tude acceptance windows are chosen (see F i gure  3 . 1 8 ) .  50 a v e r ­
ages are normal l y  used. The normal choice of windows i s  given in Sect ion
3 . 2 . 3 . 1 ,  a l though sometimes,  when pulses are p a r t i c u l a r l y  i n c o n s i s t e n t ,  these  
are broadened to speed up the measurement.
3 . 3 . 3 t  Standard Po i t -H «a«ur»n«nt  Procasaing
Al l  measurements are subjected to a s t a n da r d i s a t i o n  procedure before  
f u r t h e r  a n a l y s i s .  The procedure i nvo l ves  the f o l l o w i ng  steps.
(1) S u b t r a c t i o n  of p r e - i z p u l s e  DC- l e v e l  from all data s a m p l e s  with in the 
r e c o r d . This DC- level  could be caused by l ow- f requency ambient  noise  
which has not been removed by s i gna l  averaging.  A d d i t i o n a l l y ,  i f  t her e
has been a smal l  vo l t age  bu i l d - up  on the ADC, i t  w i l l  be a u t o m a t i c a l l y  
removed at  t h i s  stage.  In p r a c t i c e ,  the data record i s  s h i f t e d  so t h a t  i t  
s t a r t s  a t  the foot  of the i nc i de n t  impulse,  t ha t  i s ,  immedi a te l y  bef ore  
the impulse a t t a c k  commences, and the value at  the f o o t  i s  subt r ac t ed  
from a l l  elements.  Thus, at  the f oo t  the value becomes ze r o .
(2) H o r a a l i s a t i o n .  Al l  elements are d i v i ded  by the impulse a mpl i t ud e ,  so 
t h a t  the ampl i tude of the input  impulse becomes u n i t y .  This  i s  necessary  
because of impulse ampl i tude incons i s t ency;  even a f t e r  many s i gn a l  a v e r ­
ages and s t r i n g e n t  pulse a c c e p t a b i l i t y  c r i t e r i a ,  the f i n a l  impulse a mp l i ­
tude v a r i e s  from one averaged data record to the next .  Another reason f o r  
no r ma l i sa t i on  i s  the v a r i a t i o n  of the spark plug per formance wi th  t ime;
-  9 5  -
the impulse ampl i tude decreases as the e l e c t r o d e s  become more corroded.  
In a d d i t i o n ,  d i f f e r e n t  spark plugs produce acoust i c  impulses of d i f f e r i n g  
ampli  tude.
(3) Windowing. The p r ec i se  shape and s i ze  of the window i s  dependent on the
type of processing to be c a r r i e d  out a f t e r w a r d s .  The window s t a r t s  at the  
po s i t i o n  corresponding to the s t a r t  of the i ns t r ument ,  i e .  the source-  
tube inst rument  j u n c t i o n .  For subsequent i nst rument  comparison,  windows 
are normal l y  r e c t an g u l a r  and end at  the p o s i t i o n  of the b e l l  r e f l e c t i o n  
(see Sect ion 4 . 2 . 2 ) .  For the more d e t a i l e d  analyses of Chapter 5,  more 
s o p h i s t i c a t ed  window types are requi red  which extend beyond the b e l l  
r e f l e c t i o n .
3.3.4. Additionil Httiurticntt Required for Analytic
Two a d d i t i o n a l  measurements are r equ i red  when the response data i s  to be 
used f o r  deconvolut ion fa l l owed  by bore r e c o n s t r u c t i o n .  Independent  measure­
ments of i n c i d e n t  and r e f l e c t e d  s i gn a l s  are needed,  and in f a c t ,  the f o l l o w i n g  
t hree  separ at e  measurements are c a r r i e d  out to achieve t h i s  (see Sect ion
2 . 3 . 4 . 2 ) .  (NOTE: F igure  3 . 10  shows point s  "X" and "Y" on the source t u b e . )
(A) A detachable  r i g i d  brass t e r mi na t i on  i s  placed a t  po i n t  "Y".  The r e s u l t ­
ing pressure v a r i a t i o n  i s  shown in F igure  3 . 3 5 ( a ) .
(B) The 48 cent i met r e  e n d - s e c t i o n ,  "XY",  of the source tube i s  rep l aced by a
" s e m i - i n f i n i t e "  extension tube of the same d i amet e r ,  having length  of 
approx imate ly  3 . 58  metres.  The r e s u l t i n g  pressure v a r i a t i o n  i s  shown in
Figure  3 . 3 5 ( b ) .  The f i n i t e  l ength of  the extension tube means t h a t  in
p r a c t i c e ,  the r e f l e c t i o n  from i t s  open end must be windowed out .
(C) The inst rument  i s  placed at  poi nt  "Y".  The r e s u l t i n g  pressure  v a r i a t i o n
i s  shown in F igure  3 . 3 5 ( c ) .
The independent  measurement of i n c i de n t  impulse i s  obta ined by s u b t r a c t i n g
measurement B from measurement A (see Figure  3 . 3 6 ( a ) ) .  The i nst rument  response  
i s  obtained by s u b t r ac t i ng  measurement B from measurement C (see F i gure
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FiQUPf 3.33 Pressure V a r i a t i o n  -for D i f f e r e n t  Source Tube Ter mi na t i ons ,  
(a)  Measurement (A) :  Source Tube wi th Rig id  T ermi na t i on .  (b)
Measurement (B) :  Source Tube wi th  " S e m i - I n f i n i t e "  Extension Tube of Same 
Diameter .  <The R e f l e c t i o n  Occurs Because of  the F i n i t e  Length of the  
Extension Tube. )  <c) Measurement (C) :  Source Tube wi th Cornet  At tached.
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Figurt 3.36 True I n c i de n t  and Re f l ec t ed  S i gna l s  Obtained by S u b t r a c t i o n ,  
(a)  Independent  Measurement of I n c i de n t  Impulse (A -  B) ,  i e .  F i gur e  
3 . 35 ( a )  minus Figure  3 . 3 5 ( b ) .  (b) Measurement of True Cornet  Response 
(C -  B ) , i e .  F igure  3 . 3 5 ( c )  minus F igure  3 . 3 5 ( b ) .
-  96 -
3 . 3 6 ( b ) ) .
When s u b t r a c t i n g  B -from A or C, i t  was sometimes noted t ha t  the decays of 
the two input  impulses were not i d e n t i c a l .  This was probably because of
impulse i n c o n s i s t en c i e s ,  or poss i b l y  s l i g h t  d i f f e r e n c e s  in the p o s i t i o n  of the  
microphone in the paxo l i n  washer.  Consequent ly,  smal l  spikes sometimes 
occurred at  the impulse decay p o s i t i o n  on the a r i t h m e t i c a l  d i f f e r e n c e  p l o t .  
These spikes were windowed out and so did not spo i l  the r e s u l t s ,  but the f a c t  
remains t h a t  the assumed i n c i d e n t  impulse i s  sometimes s l i g h t l y  d i f f e r e n t  from 
the ac t ua l  i nc i de n t  impulse.  In these i ns t ances ,  an imper f ec t  deconvolut ion  
r e s u l t  might be expected.
When making measurements to be used f o r  s o p h i s t i c a t ed  a n a l y s i s ,  t he r e  are
some a d d i t i o n a l  poi nt s  to not e ,  which are l ess impor tant  when the measurements 
are to be used f o r  inst rument  comparison only.
(1) In Sect ion 3 . 1 . 3 . 5 ,  i t  was noted t h a t  the o r i g i n a l  source tube was made 
in  s e c t i o ns .  On close examinat ion of r e s u l t s ,  i t  was discovered t h a t  
sma l l ,  almost  unnot i ceab l e  r e f l e c t i o n s  were occur r ing at  the j u n c t i o n s  
between the s ec t i ons .  There for e  the source was not compl e t e l y  non-  
r e f l e c t i n g  as requ i r ed  by the t h e o r e t i c a l  a na l y s i s  t echniques.  The 
a n a l ys i s  a lgor i t hms are ex t remel y  s e n s i t i v e  to smal l  e r r o r s  in exper imen­
t a l  data,* even though these e x t r a  r e f l e c t i o n s  are almost  un n o t i c e a b l e ,  
they may not be n e g l i g i b l e .  For t h i s  reason the sect i oned source tube was 
repl aced by a cont inuous source tube.
(2) The ext reme noise s e n s i t i v i t y  of the a n a l ys i s  a l gor i t hms  means t h a t  i t  i s  
e s s e n t i a l  to reduce background noise to an absol ut e  minimum. This  may be 
achieved by using a h igher  number of averages.  Care should be taken not  
to use too many averages whi l e  a temperature change i s  o c c u r r i n g .  This  
would lead to a progress i ve  s h i f t  in f ea t ur e s  of the response which would 
cause . smearing of the f i n a l  averaged r e s u l t .  This may t urn  out  to  have 
worse e f f e c t s  than the background noise.
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(3) For inst rument  comparison measurements,  the response i s  only requ i r ed  as
•far as the r e f l e c t i o n  from the inst rument  b e l l .  For the a n a l ys i s  measure­
ments,  the response i s  requ i r ed  f o r  more than double t h i s  amount.  At
present  t h i s  has been achieved f o r  cornets and t rumpets;  t h e i r  source 
tubes are s u f f i c i e n t l y  long to make the source non- re f  1 ec t i ng  f o r  a 
doubl e - l engt h  record (see Sect ion 3 . 1 . 3 . 3 ) .
3.3.5. Extaplcs of M»i*ur«*«nt* on Brttt Instruments
Inst ruments measured so f a r  inc lude  corne t s ,  euphoniums, t rombones,  t rum­
pets and tubas.
Euphoniums, l a r g e - b o r e  trombones and tubas a l l  f i t  onto the standard 12.7
m i l l i m e t r e  diameter  source tube.  Cornets and t rumpets f i t  onto the narrower
source tube,  but  each have t h e i r  own 48 cm end-coupler  because of  the d i f f e r ­
ence in mouthpiece shape.
Examples of responses of the d i f f e r e n t  i nst ruments are found in p l o t s  
throughout  t h i s  t h e s i s ,  and are summarised in Table 3 . 3  f o r  convenient  r e f e r ­
ence.
The record of the trombone wi th no valves i s  the s i mpl es t .  The most com­
plex i s  the tuba because of i t s  length and the complex na t ur e  of i t s  va lves  
and tubing.
3.4. Ovmrill 8um«try of Chiptor 3
This chapter  included a discussion of the c a r e f u l  r e f i nement s  which have 
been made to the impulse apparatus,  in p a r t i c u l a r  the source tube ,  which has 
proved h i gh l y  b e n e f i c i a l .
Data a c q u i s i t i o n  sof tware  has been e x t e n s i v e l y  developed to overcome 
problems of spark source i nconsist ency and ambient  t emperature v a r i a t i o n .
F i n a l l y ,  a d i s t i n c t i o n  was drawn between the measurements t o  be used f o r  
d e t a i l e d  a n a l y s i s ,  and those to be used simply f o r  inst rument  compar isons.  
The l a t t e r  type w i l l  now be discussed in Chapter  4.
TABLE 3 .3
Summary of where Responses of D i f f e r e n t  I ns t rument s  are  Found in t h i s  Volume.
I nst rument F i g u r e ( s )  where response i s  found
(1) CORNETS 
Unknown make 
Medium-bore Besson 
Comparison of  above two
3 . 3 5 ,  3 . 3 6 ,  4 . 7 ,  4 . 8 ,  4 . 1 9
4 . 1 5
6 . 6
(2)  EUPHONIUMS 
B&H Sovereign B f l a t  
Comparison of Sovereign & Proto  
Comparison of  Yamaha & Sovereign
4 . 2 ,  4 . 1 8 ,  4 . 2 1 ,  4 . 2 2  
6 . 2
6 . 3 ,  6 . 4
(3) TROMBONES 
Large-bore  Sovereign  
Large- bore  Bass Sovereign  
Medium-bore Besson Concorde 
A r i t h m e t i c a l  D i f f e r e n c e  P l o t s
3 . 6 ,  3 . 1 1 ,  4 . 6 ,  4 . 1 0 ,  4 . 11
4 . 13
4 . 1 4
3 . 2 8 ,  3 . 30
(4)  TRUMPETS 
Trumpet wi th  Mute 
B&H Symphony 
B&H Sovereign  
S t r a i g h t  Trumpet
4 . 9
4 . 1 2 ,  6 . 5  
4 . 25
4 . 1 2 ,  5 . 2 ,  5 . 24
(5) TUBAS
B&H Sovereign EE f l a t 4 . 2 4
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CHAPTER 4
TECHNIQUE FOR INSTRUMENT COMPARISON AND INDUSTRIAL APPLICATION
4.1. Introduction
This chapter  conta ins  a d e s c r i p t i o n  of how the measurements of the p r e v i ­
ous chapter  may be processed so t h a t  any d i f f e r e n c e s  which e x i s t  between two 
i nst ruments which are supposed to be the same w i l l  be de t ec t ed .  Such a t e c h ­
nique would be of great  use to a brass inst rument  manu f ac t u r e r . At present  
t here  is  no way of ensur ing t h a t  a set  of assembled brass inst rument s  at  the  
end of a product ion l i n e  w i l l  be p e r f e c t l y  i d e n t i c a l  in s t r u c t u r e .  I nst ruments  
are subject  to var i ous  manufactur ing d e f e c t s ,  the most common being va lve  
misal ignment .  Examples of other  f a u l t s  w i l l  be given l a t e r .  In a d d i t i o n ,  the  
t oo l s  used in inst rument  manufacture may wear down a f t e r  severa l  year s '  use,  
and thus change c e r t a i n  f e a t u r e s  of the inst rument ;  f o r  example,  vers ions made 
ten years a f t e r  the i n i t i a l  launch of a p a r t i c u l a r  model may have a s l i g h t l y  
d i f f e r e n t  b e l l  shape.  These d e f e c t s ,  which may produce und es i r ab l e  e f f e c t s  in 
acoust i c  behav iour ,  are not easy to de t ect  and l o c a t e  by normal t e s t i n g  
methods. P l ayers  are able to perce i ve  d i f f e r e n c e s  in musical  q u a l i t y  between 
one product ion inst rument  and another ;  p r o f ess i ona l  p l a y e r s  have c r i t i c i s e d  
makers whose products have been seen to change when a f a c t o r y  moves, or when 
i nst ruments  are made or assembled in a d i f f e r e n t  count ry ,  or when the f i r m  is  
taken over by another  company (Edwards,  1978) .  The new i nst rument  comparison 
technique would ensure tha t  such changes in product  do not occur .
The new technique t e s t s  each f u l l y - assemb l e d  inst rument  aga i ns t  a p e r f e c t  
p r o t o t y p e ,  and any d i f f e r e n c e s  are located and q u a n t i f i e d ,  and consequent ly  
i d e n t i f i e d .  Figure 4.1 i l l u s t r a t e s  the inst rument  t e s t i n g  scheme. In Sect ion  
4. 2  the procedure f o r  achiev ing t h i s  by comparison of t r a n s i e n t  response meas­
urements i s  exp l a i ned .  A brass inst rument  manufacturer  could use t h i s  t e c h ­
nique to assure his customers of the c ons i s t en t  high q u a l i t y  of  h i s  product ,
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Figurs 4.1
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and could back up his claims wi th s c i e n t i f i c  data!
In Sect ion 4 . 3  some p r e l i m i n a r y  r e s u l t s  of the technique are  presented.  
Sect ion 4 . 4  descr ibes some ways in which the exper imental  arrangement  may be 
r e l a x e d .  A discussion of how the comparison method can be used in q u a l i t y  con­
t r o l  and f a u l t  diagnosis  in the f a c t o r y  i s  given in Sect ion 4 . 5 ,  F i n a l l y  Sec­
t i o n  4 . 6  considers the equipment which i s  necessary f o r  b u i l d i n g  a new system 
f o r  use in the f a c t o r y .
4.2. Htthod of Instrument Comparison
4.2.1. Methods Considered
The aim of the inst rument  comparison technique i s  to de t ec t  the s i g n i f i ­
cant  physica l  d i f f e r e n c e s  between two inst ruments ,  and represent  them in a way 
which can be r e a d i l y  understood by Q u a l i t y  Assurance (QA) personnel .
O r i g i n a l l y ,  t h r ee  methods of e v a l u a t i n g  the d i f f e r e n c e s ,  f d ( i ) }  between
1 0 0
two measured responses,  { g ^ ( i ) >  and were considered:
(1) C a l c u l a t i o n  of a r i t h m e t i c a l  r a t i o  at  each point  i ,  i e .
d ( i ) = g ( i )  / g n ( i ) ( 4 . 1 5
(2) C a l c u l a t i o n  of a r i t h m e t i c a l  d i f f e r e n c e  at  each point  i ,  i e .
d ( i 5 = g ( i ) -  gn ( i 5 ( 4 . 2 )
(3) C a l c u l a t i o n  of percentage d i f f e r e n c e  at  each point  i ,  i e .
d ( i )  = (g ( i )  -  gn ( i ) )  x 1 0 0  /  g ( i )  '/. ( 4 . 3 )
I t  soon t r a n s p i r e d  tha t  the second opt ion was the best .  The other  two 
methods tended to produce unstable  r e s u l t s  at  po s i t i ons  where response values  
were s ma l l ,  f o r  i ns t ance ,  ( d ( i ) >  contained spikes at  poi nts  where the response  
crossed the zero ax i s .
The use o f  pa t t e r n  reco gn i t i o n  a l gor i t hms was also considered.  Implemen­
t a t i o n  of these would be compl icated and t ime consuming. The idea was not pur ­
sued because,  as w i l l  be shown l a t e r ,  the s impler  a r i t h m e t i c a l  d i f f e r e n c i n g  
technique was found to be p e r f e c t l y  adequate.
4.2.2. Arithmttical Diffcrtncing Ttchniqut
Before the a r i t h m e t i c a l  d i f f e r e n c e  between the measured responses i s  c a l ­
c u l a t e d ,  the two data f i l e s  are converted to a standard form using the f o l l o w ­
ing steps.  (The f i r s t  two of these have a l r eady  been expla ined in Sect ion
3 . 3 . 3 . )
(1) S h i f t  the data so t ha t  the record begins at  the f oot  of the i n i t i a l  
impulse and subt rac t  the value at  the f oot  from a l l  elements.
(2) Normal ise the whole record by d i v i d i ng  a l l  elements by the impulse a m p l i ­
tude so t ha t  the impulse ampl i tude becomes u n i t y .
(3) For each inst rument  model,  de f i ne  a region of i n t e r e s t  (ROI) on, i t s  
response data.  This w i l l  begin at  the r e f l e c t i o n  from the i n s t r u m e n t -  
source tube j unc t i on  and end j us t  before the minimum of the b e l l  r e f l e c -
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t i o n .  Set a l l  values outs i de  the RQI to zero.
(4) C a l c u l a t e  the mean value wi th i n  the ROI and sub t r ac t  i t  from a l l  elements
wi t h i n  the ROI.  Thus, the mean value becomes zero.
For inst rument  comparisons,  only the d i r e c t  r e f l e c t i o n s  from w i t h i n  the  
i nst rument  are r e q u i r e d .  In step (3) the par t s  of the record which are not  
needed are removed. A r i t hm e t i c a l  d i f f e r e n c e s  at  the p o s i t i o n s  of the i n i t i a l  
impulse and the b e l l  are usua l l y  high because of the steepness of the record  
at these p o i n t s .  Smal l er  a r i t h m e t i c a l  d i f f e r e n c e s  r e s u l t i n g  from s i g n i f i c a n t  
physica l  d i f f e r e n c e s  between inst ruments could be overshadowed by them. There­
f o r e ,  f o r  c l a r i t y  they are removed.
Step (4) ensures t h a t  the a r i t h m e t i c a l  d i f f e r e n c e s  are evenly  d i s t r i b u t e d  
around a mean value of zero.  When step (4) was not c a r r i e d  out ,  a r i t h m e t i c a l  
d i f f e r e n c e  p l o t s  sometimes showed a "DC" d i f f e r e n c e  between responses,  as wel l  
as the d i f f e r e n c e s  caused by physical  v a r i a t i o n s  between i ns t rument s .  This DC
l e v e l  was probably  r e l a t e d  to low f requency background noise.  As w i l l  be d i s ­
cussed l a t e r  in t h i s  s e c t i on ,  r e s u l t s  are analysed by i d e n t i f y i n g  the l o c a ­
t i o ns  of the highest  a r i t h m e t i c a l  d i f f e r e n c e s .  The presence of a high DC l e v e l  
could e a s i l y  lead to m i s i n t e r p r e t a t i o n j  one could mi s t akenl y  suppose t h a t  the  
high a r i t h m e t i c a l  d i f f e r e n c e  was due to a s i g n i f i c a n t  phys i ca l  d i f f e r e n c e .  
Removal of the DC l e v e l  provides the simple s o l u t i o n  to the problem.
A f t e r  these pr e p a r a t o r y  stages,  the response of the t e s t  i ns t r ument  i s  
subt rac t ed  from the response of the normal ins t rument .  (This i s  the convent ion  
chosen f o r  t h i s  work} t he r e  i s  no reason why i t  should not be done the ot her  
way round. )  Then the a r i t h m e t i c a l  d i f f e r e n c e  data are analysed to  see whether  
any d i f f e r e n c e s  are s i g n i f i c a n t .
4.2.3. Analysis of Arithmetical Difference Data
The f o l l o w i n g  t hr ee  c r i t e r i a  are used in conjunct ion to assess the a r i t h ­
met i ca l  d i f f e r e n c e  data .
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(1) Twenty largest arithmetical differences
These are located  and l i s t e d  on the VDU, f i r s t  in order of decreasing  
ampli tude,  and secondly in the order in which they appear along the i n s t r u ­
ment.
(2) Significance level
I t  may wel l  be t h a t  the l a r g e s t  a r i t h m e t i c a l  d i f f e r e n c e  is  not s i g n i f i -<r
cant .  One must t h e r e f o r e  f i n d  a way of assessing whether a given a r i t h m e t i c a l  
d i f f e r e n c e  r e s u l t s  from a s ign if icant  phys ical  d i f f e r e n c e .  This has been done 
by s e t t i n g  a " s i g n i f i c a n c e  l e v e l " .  Below t h i s  l e v e l ,  a r i t h m e t i c a l  d i f f e r e n c e s  
denote n o n - s i g n i f i c a n t  phys ica l  d i f f e r e n c e s ;  above i t ,  they denote s ign if icant 
phys ical  d i f f e r e n c e s .  The way in which the s i g n i f i c a n c e  le v e l  is  set  i s  now 
consi d ered .
One of the main determin ing f a c t o r s  is  t h a t  two independent measurements
of the same i d e n t i c a l  inst rument may produce a r i t h m e t i c a l  d i f f e r e n c e s ,  even
though th e re  are no phys ical  d i f f e r e n c e s .  In t h i s  case the " d i f f e r e n c e  l e v e l "
is  def ined  as the maximum a r i t h m e t i c a l  d i f f e r e n c e  w i t h in  the ROI. I d e a l l y ,  the
s i g n i f i c a n c e  l e v e l  w i l l  be h igher  than the d i f f e r e n c e  l e v e l .  In an e a r l y
s e r ie s  of measurements on corn ets (Sect ion  4 . 5 . 1 . 2 )  the h ighest  d i f f e r e n c e
-2le v e l  was 1.42 x 10 ; the  s i g n i f i c a n t  phys ica l  d i f f e r e n c e s  r e s u l t  in  a r i t h -
- 2met ica l  d i f f e r e n c e s  of 2  x 1 0  or more, so the s i g n i f i c a n c e  l e v e l  was o r i g i -
- 2
n a l l y  se t  at  2  x 10
However, i t  has since t r a n s p i r e d  t h a t  the  s i g n i f i c a n c e  le v e l  tends to
va ry ,  depending on the inst rument and the c ircumstances,  and i t  is  not always
easy to  s e t .  On two occasions the d i f f e r e n c e  l e v e l  has a c t u a l l y  exceeded 
-22 x 10 . An i n v e s t i g a t i o n  i n t o  p o s s ib le  reasons f o r  the v a r i a t i o n  in d i f f e r ­
ence le v e l  i s  re por ted  in the next s e c t io n .
For some phys ica l  d i f f e r e n c e s ,  f o r  in s t a n c e ,  s imula ted  va lve  misa l ignment
of 1 m i l l i m e t r e  (Sect ion 4 . 5 . 2 . 1 ) ,  the s i g n i f i c a n t  a r i t h m e t i c a l  d i f f e r e n c e s
-2are less than 2 x 10 . I n  these cases,  the s i g n i f i c a n c e  l e v e l  i s  u s u a l l y
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- 2rese t  to 1 x 10  ; but on one occasion a 1 m i l l i m e t r e  misal ignment r e s u l t e d  in
an a r i t h m e t i c a l  d i f f e r e n c e  of 8 .7  x 10 3 . A small c o n s t r i c t i o n  in a cornet  
b e l l  (Sect ion 4 . 3 . 2 )  produced an even sm al le r  a r i t h m e t i c a l  d i f f e r e n c e  of 
6.42  x 10~3 .
The f o l lo w i n g  general  g u id e l i n e s  may be drawn up regard ing  the s i g n i f i ­
cance of c e r t a i n  a r i t h m e t i c a l  d i f f e r e n c e s :
- 2
>j3 x 1 0  : d e f i n i t e l y  a phys ica l  d i f f e r e n c e ;
-2
>2  x 18 : almost c e r t a i n l y  a phys ica l  d i f f e r e n c e ;
- 2
>_1 x 1 0  : e i t h e r  a small  phys ica l  d i f f e r e n c e ,  or a high d i f f e r e n c e
1 e v e l ;
-2
<1  x 1 0  : probably  no s i g n i f i c a n t  phys ica l  d i f f e r e n c e .
Once the best  s i g n i f i c a n c e  l e v e l  has been found,  o ther  i l l u s t r a t i v e  
in fo rm a t io n  can be e x t r a c t e d .  The p o s i t io n  at  which the f i r s t  s i g n i f i c a n t  
a r i t h m e t i c a l  d i f f e r e n c e  occurs can sometimes be more usefu l  than the p o s i t i o n  
of maximum a r i t h m e t i c a l  d i f f e r e n c e  (see,  f o r  example, Sect ion  4 . 3 . 1 ) .  For t h i s  
reason i t  should always be noted.
The nuwber  of elements f o r  which the a r i t h m e t i c a l  d i f f e r e n c e  exceeds the  
s i g n i f i c a n c e  l e v e l  can be a usefu l  i n d i c a t o r  of the n a tu re  of the phys ica l  
d i f f e r e n c e .  A smal l number of s i g n i f i c a n t  d i f f e r e n c e s  probably  r e s u l t s  from a 
small  c o n s t r i c t i o n  at  a s in g le  p o s i t i o n .  A la rg e  number may be caused by a 
l a r g e  d i f f e r e n c e  such as a change in le ngth  or- a hole in the bore.
(3) Root «o«n «qu«r« difforonco
This can a ls o  be a useful  general  i n d i c a t o r  of the degree of s i m i l a r i t y  
between two ins t ruments .  Here, the rms d i f f e r e n c e  is  def ined  as
P s 'E ( g <i )  -  g2 <i)  ) 
i « l _______________________
a! n
where N i s  the number of elements in the ROI. The rms d i f f e r e n c e  i s  most use­
f u l  f o r  d e te c t in g  instances  in which the d i f f e r e n c e s  between the two response
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records are g r e a t .  An example would be when one inst rument has a l eak ;  t h i s  
would r e s u l t  in the p a r t  o f  the response a f t e r  the leak having a comple te ly  
d i f f e r e n t  ch arac te r  (see Sect ion  4 . 3 . 1 ) .  A va lve  misa l igned by a l a r g e  amount 
can also a f f e c t  the ch a r a c te r  of the r e s t  of the response (eg. 5 m i l l i m e t r e s  
s imula ted euphonium va lv e  misal ignment,  Sect ion 4 . 5 . 2 . 1 ) .  Two comple te ly  d i f ­
f e r e n t  models of the same instrument  w i l l  a lso  r e g i s t e r  a l a r g e  rms d i f f e r ­
ence,  f o r  in s ta n c e ,  the cornets of Sect ion 6 . 4 . 3 ,  The rms d i f f e r e n c e  is  not so
useful  when th e r e  are small  f a u l t s  a t  p a r t i c u l a r  p o s i t i o n s ,  eg. a small  con­
s t r i c t i o n .  Such a f a u l t  may cause s i g n i f i c a n t  a r i t h m e t i c a l  d i f f e r e n c e s  a t  one 
or two elements,  but t h e i r  e f f e c t  w i l l  be l o s t  when they are averaged out over  
the whole record .  To d a te ,  the " s i g n i f i c a n c e  l e v e l "  of rms d i f f e r e n c e  appears  
to be appro ximately 5 x 10 3 . I f  the rms d i f f e r e n c e  l i e s  above t h i s ,  phys ica l
d i f f e r e n c e s  between the inst ruments  can be expected to be major .
The t h r e e  c r i t e r i a  discussed provide  usefu l  g u id e l i n e s  on the types of 
d i f f e r e n c e s  which may be oc cu r r ing .  However, to  make the p i c t u r e  comple te ,  
v is u a l  in sp e c t io n  of superimposed p lo t s  of the two responses,  and the a r i t h ­
met ica l  d i f f e r e n c e  is  necessary.  Then one can see immedia te ly  where the s i g n i ­
f i c a n t  d i f f e r e n c e s  l i e .  This r e l i e s  on human judgement, meaning t h a t  at  
present  the f a u l t  d e t e c t io n  procedure i s  not comple te ly  a u to m at ic .
A p l o t t i n g  programme has been developed whereby the two responses are  
superimposed on an o s c i l lo s c o p e ,  and the two areas in which the  a r i t h m e t i c a l
d i f f e r e n c e s  are g r e a t e s t  are made b r i g h t e r .  This aids speedy a n a l y s i s .
4.2«4. Invi»tigttion« of tho Limit of 8»n»itlvity of tho Arithmmtictl Dif- 
foroncing Tmchniqum
In the l a s t  sec t io n  i t  was mentioned t h a t  the s e n s i t i v i t y  of the a r i t h ­
m et ica l  d i f f e r e n c i n g  technique was l i m i t e d  by the f a c t  t h a t  d i f f e r e n c e s  are  
detected between measurements of the same in s t ru m en t .  I n v e s t i g a t i o n s  i n t o  pos­
s i b l e  phys ica l  causes of these d i f f e r e n c e s  have been c a r r i e d  out using a
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euphonium.
4.2.4.i. Htthod
To ensure t h a t  the d i f f e r e n c e  le v e l  was not brought about by a change in 
the p o s i t io n  of the euphonium or microphone,  the whole impulse apparatus and 
the euphonium stayed in the same p o s i t io n  f o r  the e n t i r e  experiment (about 3 .5  
days) .  A l l  p a r ts  of the apparatus were l e f t  switched on throughout the e x p e r i ­
ment to ensure t h a t  the equipment stayed in a steady s t a t e ,  s ince i t  was 
thought t h a t  some in cons is tency  might be in troduced i f  measurements were taken  
before the apparatus had reached t h i s  c o n d i t i o n .
I n i t i a l l y  the fo l lo w in g  two re fe re n c e  f i l e s  were measured w i t h in  minutes  
of each o ther :
Reference f i l e  A: E u p h o n i u i  wi th Valve 1 d e p r e s s e d  by 1 a i l l i w e t r e  (held  in 
posi tion using adh e s i v e  tape)
Reference f i l e  B: E u p h o n i u i  in its norwal state (adhesive tape retoved)
T h e r e a f t e r ,  measurements of the  in s t ru m e n t ,  s t i l l  in i t s  normal s t a t e ,  
were made a f t e r  the fo l lo w in g  i n t e r v a l s :  Case  i :  10 minutes; Case  2: 3 hours;  
Case  3: 24 hours; Case 4s 63 hours;  Case 5s 87 hours. For each measurement,  
1 0 0  runs were averaged and the sampling r a t e  was ad ju sted  as necessary to  com­
pensate f o r  changes in ambient temperature (as exp la in ed  in Sect ion  3 . 2 . 4 . 2 ) . -  
Ambient co n d i t io n s  were c l o s e ly  monitored at  the  t ime of each measurement as 
f o i lo w s :
(1) Percentage humid ity  was measured using a w h i r l i n g  hygrometer .
(2) Temperature was measured in °  C e ls ius  to  an accuracy of one decimal  p lace  
using a d i g i t a l  thermometer.  In cases where the tem pera ture  changed dur ­
ing the measurement, the mean of the i n i t i a l  and f i n a l  tem pera tures  was 
c a l c u l a t e d .
(3) Ambient pressure in d e c ib e ls  was measured using a barometer .
The aim of the experiment was to  see whether the d i f f e r e n c e  l e v e l  corresponded  
to p a r t i c u l a r  changes in ambient c o n d i t io n s .
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Measurements -for each of the -five cases were compared, f i r s t  with R e f e r -  
ence f i l e  A, to see what a r i t h m e t i c a l  d i f f e r e n c e s  were produced by a con­
t r o l l e d  phys ica l  change of the inst rum ent ,  and secondly wi th  Reference f i l e  B, 
to see how these compared with the d i f f e r e n c e  l e v e l s .
4.2.4.2. Rt»ult» tnd Discussion
The r e s u l t s  of the above comparisons are given in Table 4 . 1 .
TABLE 4.1
Ambient Condi t ions  During Experiment to Determine  
S e n s i t i v i t y  of A r i t h m e t ic a l  D i f f e r e n c i n g  Technique
Case Time
I n t e r v a l
7.
humi­
d i t y
Mean
temper­
a ture
(°C)
Pressure
(dB)
Reference  
f i l e  A 
comparison 
(Ampli tude of  
a r i  thmeti  cal  
d i f f e r e n c e  
sp ike x l 0  )
Reference  
f i l e  B 
comparison 
( D i f f e r e n c e  
l e v e l  x l 0 )
R e f . f i l e  A 0 45 2 1 . 2 0 - . 0 4 N/A N/A
R e f . f i l e  B 0 46 21 .55 - . 0 4 1.73 N/A
1 1 0  mins 45 21 .35 - . 0 4 1.73 .0839
2 3 hrs 41 20 .25 - . 0 2 1.61 . 1 2 2 0
3 24 hrs 48 20 .60 0 1.50 .4300
4 63 hrs , 43 16.90 . 1 2 1.43 .3420
5 87 hrs 45 16.90 .16 1.33 .6050
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Here,  a s i g n i f i c a n c e  le v e l  of 1 x 10 was s u i t a b l e ,  because a l l  the  
“misal ignment spikes" had ampli tude g r e a t e r  than t h i s ,  and a l l  the d i f f e r e n c e  
l e v e l s  were lower .  (The r e s u l t s  are not always so w e l l - b e h a v e d ! )  A t y p i c a l
r e s u l t  i s  i l l u s t r a t e d  in F igure  4 . 2 ,  which shows the a r i t h m e t i c a l  d i f f e r e n c e
p lo t s  f o r  Case (5) versus Reference f i l e s  A and B.
P lo t s  of d i f f e r e n c e  l e v e l  aga in s t  change in each p hys ic a l  q u a n t i t y  are  
shown in F igure  4 . 3 ,  which also  in c lu des  a p l o t  of d i f f e r e n c e  l e v e l  a g a in s t  
t ime i n t e r v a l .  Although these p l o t s  do not suggest abundant ly c l e a r  t r e n d s ,
one could make the  general  conclusion t h a t  f o r  a g r e a t e r  change in ambient
co n d i t io n s  (h u m id i ty ,  temperature or pressure)  or a longer t ime i n t e r v a l ,  one 
would expect  a h igher d i f f e r e n c e  l e v e l .  This trend  was less  obvious wi th  humi-
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Figure 4.2 A r i t h m e t i c a l  D i f f e r e n c e  P lo ts  f o r  the Euphonium, (a) ROI of 
Measured Euphonium Response, (b) A r i t h m e t i c a l  D i f f e r e n c e  Between 
Reference F i l e  B and Case (5) Measurement, Showing the D i f f e r e n c e  L e v e l ,  
(c) A r i t h m e t i c a l  D i f f e r e n c e  Between Reference F i l e  A and Case (5)  
Measurement, Showing the A r i t h m e t i c a l  D i f f e r e n c e  Spike Due to  Valve  
Misa l ignment .  (NOTE: (b) and (c) have an Expanded V e r t i c a l  S c a l e . )
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d i t y .
Closer examinat ion of r e s u l t s  showed t h a t  during the experiment,  tempera­
t u r e  change and pressure change had v ar ie d  in a s i m i l a r  way, so t h a t  the
e f f e c t s  of each could not be s epara ted .  An e a r l i e r  vers ion  of the same e x p e r i ­
ment proved h e lp f u l  here .  There the r e l a t i o n s h i p  between pressure change and 
d i f f e r e n c e  le v e l  was not c l e a r ,  but a p lo t  of d i f f e r e n c e  l e v e l  against  tem­
p e ra tu re  i n t e r v a l  (F igure  4 .4 )  showed q u i t e  c l e a r l y  t h a t  a l a r g e r  temperature  
i n t e r v a l  r e s u l t e d  in a l a r g e r  d i f f e r e n c e  l e v e l .
4 .2 .4«3«  T c i p e r t t u r *
The above observat io n  suggested t h a t  the method of changing sampling r a t e
to  compensate f o r  temperature change was not working s u f f i c i e n t l y  a c c u r a t e l y .
An e r r o r  in the choice of sampling r a t e  would lead to  p r o g r e s s iv e ly  l a r g e r  
displacements of p lo t  f e a t u r e s  from t h e i r  c o r r e c t  p o s i t io n s  as t ime pro­
gressed,  and so g r e a t e r  a r i t h m e t i c a l  d i f f e r e n c e s  would be l i k e l y .
This p o in t  was i n v e s t ig a t e d  c a r e f u l l y .  For an i n c o r r e c t  choice of sam­
p l in g  r a t e ,  the e r r o r  in p o s i t io n  of f e a t u r e s  ( h e r e a f t e r  c a l l e d  " f e a t u r e  d i s ­
placement")  increases l i n e a r l y  with  t im e.  This was v e r i f i e d  by measuring an 
instrument and i » a e d i a t e i y  a f te rw a rd s  remeasuring i t  using a d i f f e r e n t  sam­
p l i n g  r a t e ;  f e a t u r e  p o s i t i o n s  were a c c u r a t e ly  determined to  +0.005 of a sample 
using i n t e r p o l a t i o n  (see Sect ion 3 . 2 . 2 ) ;  a trombone was used as i t s  response  
f e a t u r e s  are more d i s t i n c t  and evenly  spread out than a euphonium's. Fea ture  
disp lacement was p l o t t e d  a g a in s t  t im e .  For l a r g e  changes in sampling r a t e  0 2 0  
Hz), -  a s t r a i g h t  l i n e  through the o r i g i n  was obta in ed;  here the f e a t u r e  d i s ­
placement was l a r g e ,  eg. f o r  a r a t e  change of 556 Hz, i t  va r ie d  between 0 and 
16 samples. For s m al le r  changes in sampling r a t e  ( <10 H z ) ,  the f e a t u r e  d i s ­
placement was only a f r a c t i o n  of a sample, and the s t r a i g h t  l i n e  became d i s ­
t o r t e d  because of l i m i t a t i o n s  in the accuracy of the i n t e r p o l a t i o n  process.
The e f f e c t  was then i n v e s t ig a t e d  of remeasuring at a d i f f e r e n t  sampling  
r a t e  a f t e r  a longer t ime i n t e r v a l  of a day or more, but such t h a t  the i n i t i a l
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impulse occurred a t  the same sample number. The r e s u l t  was not a s t r a i g h t  l i n e  
through the o r i g i n .  Often the r e s u l t  had the form shown in F igu re  4 . 5 .
Figure 4.5
Sketch Plot of Feeture Displacement Versus Time
Feature  
Di sp1acement 
(Samples)
Time
S t a r t  of Bel l
Instrument
Here a change in sampling r a t e  did not produce the expected e f f e c t .  A po ss ib le  
exp la n a t io n  was t h a t  the o v e r a l l  temperature  d i s t r i b u t i o n  throughout the  
source tube and the ins trument had changed between the f i r s t  and second meas­
urements.  A l o c a l i s e d  change in tempera ture r e s u l t s  in a change in v e l o c i t y  
and t h e r e f o r e  a f e a t u r e  displacement a t  t h a t  p o in t .  For c l a r i f i c a t i o n ,  the  
system i s  considered  to cons is t  of th re e  s e c t io n s :
(1) S o u r c e  tube.  I t  was in s u la te d  and made of t h i c k e r  metal than the i n s t r u ­
ment; so i t  reac ted  more s lowly  to  changes in a i r  t em pera ture .
(2) I n te rior o1 i n s t r u m e n t . The trombone was not placed in s i d e  a p o lys ty ren e
box f o r  the  above measurements; i t  reac ted  more q u i c k l y  to  ambient  tem­
p e r a tu re  changes because of i t s  t h i n n e r  w a l ls  and absence of i n s u l a t i o n .
(3) E x t e r i o r  of i n s t r u m e n t . The b e l l  region w i l l  respond most q u i c k ly  to
changes in a i r  temperature.
Examples f o l l o w  of how the r e l a t i o n s h i p  between the tem pera tures  of each 
se c t io n  may change at  d i f f e r e n t  t imes of the day. The tempera tures  of each
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sect io n  are T^, and r e s p e c t i v e l y .  The apparatus may cool down to a
steady s t a t e  overn ig h t  so t h a t  the whole system is  at the same temperature :
T1 ■ T2 ■ T3
During the morning the temperature  may r i s e ;  the d i f f e r e n t  sec t ions  of the  
system r e a c t  at  d i f f e r e n t  r a t e s :
T 1 < T2 < T3
The equipment,  having been evenly warmed thro ughout ,  may begin to  cool down at  
d i f f e r e n t  r a t e s  in the evening:
T ! > T2 > T3
Loca l ised  temperature  changes may a lso  be brought about by o ther  f a c t o r s
such as weather (d raughts ,  s u n l i g h t ,  e t c . ) .  Handl ing the ins t rum ent  causes
temperature v a r i a t i o n s  at p a r t i c u l a r  p o s i t io n s  (Sec t ion 3 . 2 . 3 . 3 ) ,  and f o r  t h i s  
reason,  gloves -  p r e f e r a b l y  thermal  -  were worn. C ent ra l  hea t ing  can produce 
p a r t i c u l a r l y  f a s t  temperature  r i s e s  when the r a d i a t o r s  come on, and t h i s  w i l l  
a ls o  change the  temperature d i s t r i b u t i o n  in the apparatus.
The sampling r a t e  was chosen on the bas is  of temperature  Tj  o n ly ,  so
changes in the  o v e r a l l  temperature  d i s t r i b u t i o n  could not be taken in t o
account.  Changes in  temperature  d i s t r i b u t i o n  would c e r t a i n l y  account f o r  
increased d i f f e r e n c e  l e v e l s .
In the f a c t o r y ,  a temperature c o n t r o l l e d  room in which the  inst ruments  
could be stored  f o r  a few hours and then measured would be d e s i r a b l e .  This  
a ls o  re-emphasizes the usefulness  of the p o ly s ty r e n e  box.
4.2.4.4. Othtr Factors
A f t e r  t h r e e  f u r t h e r  rep eats of the  experiment (Sec t ion 4 . 2 . 4 . 1 ) ,  d i f f e r ­
ence l e v e l s  were found to  be reduced by the f o l lo w i n g :
( 1 ) having the inst rument in s id e  the p o ly s ty r e n e  box instead  of out in the
open,
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(2 ) l eav in g  the apparatus switched on between measurements, not switched o f f ,
(3) using a g r e a t e r  number of averages f o r  each measurement.
Out of the above th ree  f a c t o r s ,  in c reas in g  the number of averages appeared to  
produce the g r e a t e s t  reduct io n  in d i f f e r e n c e  l e v e l .
D i f f e r e n c e  le v e l  was a f f e c t e d  by many other f a c t o r s  in c lu d in g  background 
noise and "wi ldness" (see Sect ion 3 . 2 . 3 . 3 ) .  The s t a t e  of the spark plug 
underwent changes, which in tu rn  a f f e c t e d  the impulse shape, ampl i tude and 
t im in g ;  a change in impulse shape could wel l  a f f e c t  the whole record and hence 
the d i f f e r e n c e  l e v e l .  V a r i a t i o n s  in the p o s i t io n  of the microphone in the  
washer hole could also  have an e f f e c t ,  so t h a t  whether the microphone was 
removed between measurements could be a s i g n i f i c a n t  f a c t o r .  The microphone was 
normal ly  removed whenever the inst rumen t  on the end of the source tube was 
removed, in order to p r o t e c t  the microphone diaphragm.
4.2.4.5. Summary of Btction 4.2.4
A " d i f f e r e n c e  l e v e l "  was found to  e x i s t  between two responses even when 
phys ic a l  d i f f e r e n c e s  between the  inst ruments  were n e g l i g i b l e  or n o n - e x i s t e n t  
( f o r  repeated measurements of th e  same in s t ru m e n t ) .  This l i m i t e d  the s e n s i ­
t i v i t y  of the a r i t h m e t i c a l  d i f f e r e n c i n g  technique and c a l l e d  f o r  the i n t r o d u c ­
t io n  of a " s i g n i f i c a n c e  l e v e l " ;  a r i t h m e t i c a l  d i f f e r e n c e s  above or below t h i s  
l e v e l  were assumed to be s i g n i f i c a n t  or n o n - s i g n i f i c a n t  r e s p e c t i v e l y .
C are fu l  i n v e s t i g a t i o n  showed t h a t  changes in the o v e r a l l  tem perature  d i s ­
t r i b u t i o n  of the source tube /  inst rument system, f o r  in s t a n c e ,  those i n t r o ­
duced by l o c a l i s e d  temperature changes, seemed to  r e s u l t  in the most s i g n i f i ­
cant  increases  in d i f f e r e n c e  l e v e l .  D i f f e r e n c e  l e v e l  could also  be increased  
by changes in ambient pressure ,  temperature and hum id i ty .  Other f a c t o r s  which 
could in crease  i t  inc luded random background noise v a r i a t i o n ,  spark source  
i n c o n s is t e n c ie s  and change in microphone p o s i t i o n .
D i f f e r e n c e  l e v e l s  were sometimes so high t h a t  they obscured a r i t h m e t i c a l  
d i f f e r e n c e s  caused by ac tua l  phys ica l  d i f f e r e n c e s  between in s t ru m en ts .  This
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made the choice of s i g n i f i c a n c e  le v e l  d i f f i c u l t .  Obviously one would have 
l i k e d  the s i g n i f i c a n c e  le v e l  to be as low as p o ss ib le  in order to maximise the  
s e n s i t i v i t y  of the technique,  but when d i f f e r e n c e  l e v e l s  were high t h i s  was 
not p o s s ib le .
The d i f f e r e n c e  l e v e l  was g r e a t l y  reduced by the ambient temperature com­
pensat ion  and i n t e r p o l a t i o n  procedures (Sect ions  3 . 2 . 4  and 3 . 2 . 2 ) .  An 
increased number of averages reduced random noise e f f e c t s .  When the equipment  
was l e f t  switched on between measurements, the d i f f e r e n c e  le v e l  was less  
l i k e l y  to be high .  A te m p e r a t u r e - c o n t r o l l e d  room would have helped overcome 
the problem of changing temperature d i s t r i b u t i o n ,  but as t h i s  was expens ive ,  
i n s u l a t i o n  around the source tube and inst rument was used in s te ad .
4.2.5. Summary of Section 4.2
In t h i s  sect ion  the instrument  comparison technique was e x p la in e d .  Before  
comparison,  each response measurement i s  s ta n d ard is ed .  The t e s t  ins t rum ent  
response i s  sub t rac ted  from the normal inst rument response.  The r e s u l t i n g  
a r i t h m e t i c a l  d i f f e r e n c e  data are analysed by i d e n t i f y i n g  the g r e a t e s t  d i f f e r ­
ences, by f i n d i n g  which d i f f e r e n c e s  l i e  above a c e r t a i n  " s i g n i f i c a n c e  l e v e l " ,  
and by looking  at  the rms d i f f e r e n c e .  The problem of the l i m i t  of s e n s i t i v i t y  
was thoro ughly  examined, and ways in which the s e n s i t i v i t y  could be improved  
were suggested.
4.3.  Preliminary Invest igat ion*
E a r ly  t e s t s  of the a r i t h m e t i c a l  d i f f e r e n c i n g  technique in vo lved  i n v e s t i ­
ga t in g  whether i t  could be used to  d e te c t  s imple d e l i b e r a t e  changes made to  an 
in s t ru m en t .  For these t e s t s ,  an ins trument would be measured in  i t s  normal  
s t a t e ;  then i t  would be modif ied in some way and remeasured. The two measure­
ments would be compared. Such t e s t s  have a lso  been the means of i d e n t i f y i n g  
which f e a t u r e s  of a measured response correspond to the v a r io u s  phys ica l  
f e a t u r e s  of the in s t rum ent .
-  1 1 2  -
Some examples f o l l o w  which h i g h l i g h t  important  aspects of the a r i t h m e t i ­
cal d i f f e r e n c i n g  te chn iq ue .  A v a r i e t y  of d i f f e r e n t  inst ruments  were used.
4.3.1. Leak Dataction (Trombone)
This t e s t  was c a r r i e d  out on a l a r g e - b o r e  trombone (Boosey and Hawkes 
"Sovere ig n") .  A leak  was simula ted  by opening the waterkey .  The r e s u l t  is  
shown in Figure 4 . 6 .  The leak was e a s i l y  detec ted  using the th re e  c r i t e r i a  
discussed in Sect ion  4 . 2 . 3  and v is u a l  in s p e c t io n  of p l o t s .
The maximum a r i t h m e t i c a l  d i f f e r e n c e  was .126  at  sample 242; t h i s  i s  wel l
- 2
above the highest  s i g n i f i c a n c e  le v e l  of 3 x 10 . The rms d i f f e r e n c e  was
- 2  -33 .72  x 10 ; t h i s  i s  a lso  wel l  above the  rms s i g n i f i c a n c e  l e v e l  of 5 x 10
- 2
The f i r s t  a r i t h m e t i c a l  d i f f e r e n c e  g r e a t e r  than 2 x 10 occurs at  sample 224.  
This corresponds to  the p o s i t i o n  of the waterkey and comes be fore  the p o s i t io n  
of maximum a r i t h m e t i c a l  d i f f e r e n c e .  From t h i s  p o in t  onwards, th e  whole charac­
t e r  of the response has been modi f ied  because of the  leak ;  so la r g e  a r i t h m e t i ­
cal d i f f e r e n c e s  occur throughout the l a t t e r  p a r t  of the response.  This c r e a te s  
many appa rent  phys ica l  d i f f e r e n c e s  when t h e re  i s  on ly  one, i l l u s t r a t i n g  why i t  
i s  necessary to  look not j u s t  at  the p o s i t io n s  at  which the a r i t h m e t i c a l  
d i f f e r e n c e  is  g r e a t e s t ,  but a ls o  at  the p o s i t io n  a t  which the f i r s t  s i g n i f i ­
cant d i f f e r e n c e  occurs,  as noted in Sect ion  4 . 2 . 3 .
I f  t h e r e  had been any f u r t h e r  phys ica l  d i f f e r e n c e s  beyond the waterkey ,
they could not have been detected  because of the way the response had been 
a l t e r e d .  Thus, when phys ica l  d i f f e r e n c e s  between in strum ents  are m ajo r ,  only
the f i r s t  can be d e tected  r e l i a b l y .
I t  should be noted t h a t  the leak here was l a r g e ,  and was used p u r e ly  to  
i l l u s t r a t e  c e r t a i n  p o in t s .  Leaks of t h i s  s i z e  would not be expected to  occur  
on high q u a l i t y  manufactured inst ru ments!
4.3.2. Detection of Seal 1 Conetrictlone (Cornet)
A small b a l l  of "BLU TACK" (approx 7 m i l l i m e t r e s  d iameter )  was p laced 110
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Figurt 4*6 E f f e c t  of Opening Trombone Waterkey.  (a) Response with  
Waterkey Open, (b) Normal Trombone Response, (c) A r i t h m e t i c a l  
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m i l l i m e t r e s  in s id e  the b e l l  of a cornet  (make and model unknown). This
corresponds to a c o n s t r i c t i o n  of approx im ate ly  57. of the b e l l  c r o s s - s e c t i o n .
F igure  4 .7  shows the r e s u l t  of comparison with the unmodified co rn e t .  In the
-3
a r i t h m e t i c a l  d i f f e r e n c e  p l o t ,  a s in g le  c l e a r  sp ike  of ampl i tude 6 .4 2  x 10 
occurs at  the "BLU TACK” p o s i t i o n .  Although t h i s  f a l l s  belon  the s i g n i f i c a n c e  
l e v e l ,  the d i f f e r e n c e  could e a s i l y  be seen using graphica l  in s p e c t io n .  The rms 
d i f f e r e n c e  here was only 1 .5  x 10 i n d i c a t i n g  no major widespread phys ica l  
d i f f e r e n c e s .
This r e s u l t  shows t h a t  a s in g l e  c o n s t r i c t i o n  i s  easy to d e t e c t .  (The
above t e s t  worked j u s t  as wel l  when repeated on a euphonium.) Thus, a lump of
solder  a c c id e n t ly  l e f t  in an inst rument would be de tected .
The s i z e  of the e x t r a  r e f l e c t i o n  produced by a given c o n s t r i c t i o n  depends 
on two f a c t o r s :
(1) The bore d i a m e t e r . The l a r g e r  the d iam e te r ,  the smal ler  the r e f l e c t i o n .
This can be deduced from equat ion ( 2 . 4 2 ) .
(2) The pos i t i o n  in the inst rument.  The f u r t h e r  the in c id e n t  pulse has 
t r a v e l l e d ,  the lower i t s  ampl i tude because of r e f l e c t i o n s  at  d i s c o n t i n u i ­
t i e s  and a t t e n u a t i o n ,  and so the sm a l le r  the r e f l e c t i o n .
Here,  the "BLU TACK” was detected  in the b e l l  -  the widest  p a r t  of the i n s t r u ­
ment and the f u r t h e s t  p o in t  from the in p u t .
This a b i l i t y  to  d e te c t  c o n s t r i c t i o n s  suggests a way in which a h ig h l y  
accurate  form of inst rumen t  c a l i b r a t i o n  may be c a r r i e d  out . Wires may be c a r e ­
f u l l y  in s e r t e d  through the inst rumen t  wal l  i n t o  the bore at r e g u la r  i n t e r v a l s ,  
s t a r t i n g  a t  the b e l l .  For each w i r e ,  a measurement w i l l  show i t s  p o s i t i o n  on 
the response.  In t h i s  way one can b u i ld  up a p re c is e  p i c t u r e  of which p a r t s  of
the response correspond to  p a r t i c u l a r  sec t io n s  of the in s t ru m en t .  (U n fo r ­
t u n a t e l y ,  the inst rum ent  i s  ru ined  in the process!)
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FiflUr* 4.7 E f f e c t  of Small C o n s t r i c t i o n  in the Bel l  of a Cornet .  (a)  
Normal Cornet  Response, (b) A r i t h m e t i c a l  D i f f e r e n c e  Between (a) and the  
Response of Cornet with a Small C o n s t r i c t i o n  in the B e l l  (Expanded 
V e r t i c a l  S c a l e ) .
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4.3.3. Detection of Change* in the Bell
Fur ther  i n v e s t i g a t i o n s  of the s e n s i t i v i t y  of the d i f f e r e n c i n g  technique  
to m o d i f ic a t io n s  in the b e l l  region were c a r r i e d  out .
F igure  4 .8  shows the r e s u l t  of p lac in g  a duster  in the b e l l  of a co rne t .  
The charac te r  of the b e l l  r e f l e c t i o n  changes comple te ly .  The maximum a r i t h m e t ­
i c a l  d i f f e r e n c e  of .146 is  wel l  above the s i g n i f i c a n c e  l e v e l .  The rms d i f f e r -  
- 2ence is  1.77 x 10
The presence of a mute in the b e l l  of a t rumpet also  modif ies the shape
of the b e l l  r e f l e c t i o n ;  F ig ure  4 .9  shows t h i s .  Here the rms d i f f e r e n c e  is
- 2  - 2  
1.19 x 10 , and the maximum a r i t h m e t i c a l  d i f f e r e n c e  i s  5 .86  x 10 . Causse
and Sluchin (1982)  have i n v e s t ig a t e d  the e f f e c t  of mutes on the input
impedance of brass inst ruments  measured in the frequency domain. Comparison of
the t r a n s i e n t  responses of in st ruments with and without  mutes would complement
t h e i r  work.
4.3.4. D«t«ction of Changti in Longth
Length can be added using s l i d e s  or va lv es .
The length of a trombone may be increased using e i t h e r  the p lay in g  s l i d e
(F igure  4 .1 0 )  or the tuning s l i d e  (F ig ure  4 . 1 1 ) .  In the former case the p l a y ­
ing s l i d e  was pu l led  out by 7 c e n t im e t r e s .  This r e s u l t e d  in 7 c e n t im e t re s  of 
e x t r a  tubing being added at  two d i f f e r e n t  p o s i t i o n s :
( 1 ) j u s t  before  the p la y ing  s l i d e  bend,
( 2 ) j u s t  a f t e r  the p la y in g  s l i d e  bend.
The f i r s t  a d d i t io n  r e s u l t s  in response f e a t u r e s  to  the r i g h t  of p o in t  "A" 
(F igure  4 .1 0 )  being s h i f t e d  19 samples to the r i g h t .  The second a d d i t io n  
r e s u l t s  in a l l  f e a t u r e s  to  the r i g h t  of p o in t  "B" being s h i f t e d  a f u r t h e r  19
samples to the r i g h t ,  making a t o t a l  s h i f t  of 38 samples to  the r i g h t .
In the l a t t e r  case,  the tuning s l i d e  in the b e l l  sec t io n  was p u l le d  out  
by 4 c e n t im e t re s ,  and the corresponding s h i f t s  were 10 samples a f t e r  the po in t  
"C“ and a f u r t h e r  10 samples a f t e r  p o in t  "D".
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Figuri 4.8 E f f e c t  of Placing a Duster  in the Be l l  of a Cornet .  (a)  
Normal Cornet  Response (Continuous)  and Response when Duster  Placed in  
B e l l  (Dashed) ,  (b) A r i t h m e t ic a l  D i f f e r e n c e .
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Figurt 4.9 E f f e c t  of P lacing  a Mute in the  Be l l  of a Trumpet.  (a)  
Normal Trumpet Response (Continuous)  and Response when Mute Placed in  
B e l l  (Dashed) , (b) A r i t h m e t ic a l  D i f f e r e n c e .
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FiQUr» 4,10 E f f e c t  of P u l l i n g  Trombone Play ing S l i d e  Out by 7cm. (a)  
Normal Trombone Response, (b) Response with S l id e  Out, (c) A r i t h m e t i c a l  
D i f f e r e n c e .  (Po in ts A and B Correspond to Po in ts  Just  Before and Just  
A f t e r  the P laying S l id e  Bend R e s p e c t iv e ly ,  f o r  the Normal Trombone; 
Points  A' and B' are the Same Poin ts  on the Extended Trombone.)
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FiQur* 4,11 E f f e c t  of P u l l in g  Trombone Tuning S l id e  Out by 4cm, (a)  
Normal Trombone Response, (b) Response with S l id e  Out, (c) A r i t h m e t i c a l  
D i f f e r e n c e .  (Pa in ts  C and D Correspond to the Beginning and End of the  
Tuning S l id e  f o r  the Normal Trombone; Points  C' and D' are the  Same 
Po in ts  on the Extended Trombone.)
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Figures 4 .10  and 4.11 also  d is p la y  the corresponding a r i t h m e t i c a l  d i f f e r ­
ences. From these one can see t h a t  a major change has occurred; apart  from 
t h a t  the in fo rm a t io n  is  not usefu l  and may even be mis lead in g ,  eg. one might  
mistakenly  suppose t h a t  an a r i t h m e t i c a l  d i f f e r e n c e  spike was caused by a con­
s t r i c t i o n .  However, i f  one knew a change in len gth  had occurred,  the p o s i t io n  
of the first  s i g n i f i c a n t  a r i t h m e t i c a l  d i f f e r e n c e  would help to p in p o in t  where 
the increase  or decrease occurred .
Visual  in sp ec t io n  of the two superimposed responses immediately  shows 
t h a t  a lengthen ing  has occurred.  With s u i t a b l e  graphics f a c i l i t i e s  -  c u rs o r ,  
e tc .  -  the s h i f t s  at  d i f f e r e n t  p o in ts  would be easy to lo c a te  and i d e n t i f y .
Detect io n  of length  changes w ithout  user i n t e r a c t i o n  is  not s t r a i g h t f o r ­
ward. One p o s s i b i l i t y  i s  to use the powerful s igna l  processing technique  of 
cross c o r r e l a t i o n .  The "Sample Cross C o r r e l a t i o n  Fu n ct io n " ,  C ^ f k ) ,  f o r  two 
sequences
x ( i ) ,  i = 1 , 2 , . . . N  and y ( i ) ,  i = 1 , 2 , . . . L  ( L<N )
where ( y ( i ) >  is  s h o r te r  than €x <i )> i s  de f ined  as fo l lo w s :
L
C (k) = ( 1/N) E x ( i  + k - l ) y <i ) L<N-k+l  (4 .4 a )
xy i = i
N - k - l
C (k) = (1 /N )  E x ( i + k - 1 )  y ( i )  L>N-k+l  (4 .4 b )
* y i - 1
The cross c o r r e l a t i o n  of two i d e n t i c a l  sequences is  the a u t o c o r r e l a t i o n  (see 
also  Sect ion 2 . 3 . 4 . 2 ) .  The a u t o c o r r e l a t i o n  and cross c o r r e l a t i o n  fu n c t i o n s  
both contain a peak.  I f  the peaks are  a t  d i f f e r e n t  p o s i t i o n s ,  i t  means t h a t  
one sequence i s  s h i f t e d  in r e l a t i o n  to  the o t h e r .  In p r i n c i p l e ,  t h i s  s h i f t  can 
be used to q u a n t i f y  any d i f f e r e n c e  in o v e r a l l  length  between two ins t ru m en ts .  
The p o s i t io n s  of the b e l l  r e f l e c t i o n s  are compared. The b e l l  r e f l e c t i o n  data  
of the pro to type  (or normal) inst rumen t  are placed in the s h o r t e r  y - a r r a y .  
The data from the same region  of the t e s t  in s t ru m en t ,  only extended in case of
lengthening  or s h o r te n in g ,  are placed in a r ray  x. The technique was o r i g i n a l l y
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te s ted  on two measurements of a euphonium -  one with a l l  va lves  up, and one 
with the second va lve  depressed,  which caused a lengthen ing of 17.5 cent im e­
t r e s .  The a c tu a l  change in p o s i t io n  of the b e l l  r e f l e c t i o n  was 50 samples. The 
cross c o r r e l a t i o n  technique c a lc u la t e d  i t  to be 51 samples. The accuracy of  
t h i s  r e s u l t  depended on the s iz e s  of sequences x and y; the sh o r te r  the  
sequences, the less  r e l i a b l e  the r e s u l t .  Although the above technique  can 
detect  o v e r a l l  length  changes, i t  cannot show where the change occurred.  Addi­
t i o n a l  cross c o r r e l a t i o n  of successive sec t io ns  of the two measurements would
be necessary,  but i f  the sect io ns  are too s m a l l ,  an in a c c u ra te  r e s u l t  may be 
produced.
In r e a l i t y ,  the types of length changes which occur on product ion l i n e  
ins truments  are small  s h i f t s  of a few samples a t  one or more p o in ts  along the  
inst rument (see ,  f o r  example, the tubas in sec t io n  4 . 5 . 3 . 1 ) .  These may not  
n e c e s s a r i l y  produce a s i g n i f i c a n t  change in the p o s i t io n  of the b e l l  r e f l e c ­
t i o n ,  in  which case they would be missed by the cross c o r r e l a t i o n  tech n iq u e .
C l e a r l y ,  changes in length are not the most s t r a i g h t f o r w a r d  to  d e t e c t .  
The a r i t h m e t i c a l  d i f f e r e n c i n g  technique w i l l  d e te c t  t h a t  a major d i f f e r e n c e
has occurred ,  but may not be able  to i d e n t i f y  i t  as a change in l e n g t h .  I t  
would be i d e n t i f i e d  more e a s i l y  by v is u a l  in s p e c t io n .
For a thorough t e s t  of valved in s t ru m ents ,  two comparisons are made -  one
with a l l  va lves  up (minimum len g th )  and one with a l l  v a lves  down (maximum
le ngth )  to  t e s t  the q u a l i t y  of the v a lv e  tu b in g .  The d e t e c t io n  of va lve  
misalignment w i l l  be considered l a t e r  in Sect ion 4 . 5 . 2 .
4.3.5. Dit4flr«nc»f Introduced by Bendi
Boosey and Hawkes have made a sp ec ia l  “o n e -o f f "  " s t r a i g h t  e q u i v a l e n t "  of
t h e i r  "Symphony" trumpet.  The responses of the normal and s t r a i g h t  t rumpets
are compared in F igure  4 .1 2 .  The s t r a i g h t  t rumpet has a much smoother
response.  Work on the e f f e c t s  of bends . in  wind instruments  has been c a r r i e d
out by, f o r  example,  Nederveen (1 9 6 9 ) ,  B r in d le y  (1 9 7 3 ) ,  and Keefe and Benade
ta:
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Figurt 4.12 Comparison of Responses of a Boosey and Hawkes 'Symphony'  
Trumpet (Continuous) and the Equ iva len t  S t r a i g h t  Trumpet (Dashed) .
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( 1 9 8 3 ) .  The use of t r a n s i e n t  measurements may prov ide a fresh  and h e lp f u l  
approach to t h i s  problem.
Sondhi (1986)  has re c e n t ly  repor ted  an i n v e s t i g a t i o n  of the e f f e c t s  of 
cu rva tu re  on the resonance f requenc ies  of the vocal t r a c t .
J
4.3.6. Summtry of Section 4.3
The use of the a r i t h m e t i c a l  d i f f e r e n c i n g  technique in the d e t e c t io n  of 
l e a k s ,  c o n s t r i c t i o n s  and changes in the b e l l  region  has been seen. When a
change in len gth  occurs,  the technique may d e te c t  t h a t  a major change has
occurred,  but v is u a l  in spect ion  may also  be necessary before  a change in
length  can be diagnosed c o r r e c t l y .
Further  r e s u l t s  w i l l  be presented in l a t e r  sect ions  as i l l u s t r a t i o n s  and 
examples of how the instrument comparison technique can be app l ied  in in dus­
t r y .
4.4. Rflix«tion of tho Exporiiontil Arringo/nent
Measurements made fo r  the so le  purpose of instrument  comparison need not  
adhere to  such s t r i n g e n t  con d i t io n s  as those to be used f o r  t h e o r e t i c a l  
an a ly s is  (see Sect ion  3 . 1 . 3 . 3 ) .  The theory  demands a n o n - r e f l e c t i n g  source.  
For inst rument comparison a n o n - r e f l e c t i n g  source is  not e s s e n t i a l ,  but i t  
makes i n t e r p r e t a t i o n  of r e s u l t s  e a s i e r .  In t h i s  sec t io n  i t  i s  shown t h a t  even 
when the source tube is  shortened so t h a t  source r e f l e c t i o n s  occur in the data  
reco rd ,  d i f f e r e n c e s  between inst ruments can s t i l l  be detected a d e q u a te ly .  This  
i s  i l l u s t r a t e d  using measurements of a bass trombone.
The same standard source tube could be used f o r  a l l  ins t ru m en ts ,  to g e th e r  
with a s e r i e s  of s o u r c e - t u b e - t o - in s t r u m e n t  co u p le rs .  This removes the in con­
venience of having to  swap source tubes round each t ime a d i f f e r e n t  type  of 
inst rument i s  measured. Measurements on a medium-bore trombone i l l u s t r a t e  
t h i s .
In each of the f o l lo w in g  examples, the t e s t  ap p l ie d  to  the  re la x e d  ex p e r ­
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imental  arrangement was to  determine whether a s l i g h t  displacement of a r o t a r y  
va lve (as opposed to a p is ton  va lve )  could be d e tec ted .
4.4 .1 .  Shorter Source Tube
Four d i f f e r e n t  lengths of source tube between the spark source and the
microphone were i n v e s t ig a t e d  -  3 .5 8  metres ( f u l l  l e n g t h ) ,  2 .3  metres,  2 .08
metres, and .80  metres. ( I t  was po ss ib le  to vary the length  in t h i s  way
because the o r i g i n a l  source tube was made in se c t ion s  -  see Sect ion 3 . 1 . 3 . 5 . )  
For each le n g th ,  t h r e e  measurements were made:
(1) Boosey and Hawkes l a r g e - b o r e  "Sovereign" bass trombone,
( 2 ) the same trombone with one of the two r o t a r y  va lves  d isp laced  s l i g h t l y ,
(3) no in s t ru m en t .
The t h i r d  measurement was made in order to  determine the p o s i t io n s  of the
source r e f l e c t i o n s .  The s h o r t e r  the source tube,  the e a r l i e r  and l a r g e r  the  
source r e f l e c t i o n s ;  in a d d i t i o n ,  less  of the high frequency content  of  the  
impulse is  a t t e n u a t e d ,  so the record conta in s  more high frequency noise and i s
less smooth.
For comparison of two i d e n t i c a l  inst ruments  the presence of source  
r e f l e c t i o n s  makes no d i f f e r e n c e ,  because on s u b t r a c t io n  of the two responses  
they d isappear .  When one of the inst rum ents  has a misa l igned va lv e  or some 
other  bore m o d i f i c a t i o n ,  source r e f l e c t i o n s  can produce two corresponding  
spikes instead  of one in the a r i t h m e t i c a l  d i f f e r e n c e  p l o t .  F igure  4 .1 3  shows 
t h i s  f o r  the  .8 0  metre source tube .  The va lv e  misalignment produces an e x t r a  
p o s i t i v e  then n eg a t iv e  do u b le -sp ike  a t  samples 457 and 462 r e s p e c t i v e l y .  This  
f e a t u r e  reappears j u s t  before  the b e l l  r e f l e c t i o n  at  samples 672 and 676,  the  
t ime i n t e r v a l  corresponding to  the t ime taken to t r a v e l  from the microphone to  
the source and back to  the  microphone.  On the  a r i t h m e t i c a l  d i f f e r e n c e  p l o t ,  
spikes appear at  the two corresponding p o s i t i o n s .  T h er e fo r e ,  one p hys ic a l  
d i f f e r e n c e  has produced two s i g n i f i c a n t  a r i t h m e t i c a l  d i f f e r e n c e  sp ikes  ( a m p l i ­
tudes - 3 . 0 6  x 10 2  and 3.26  x 10 2 , and - 1 . 9 9  x l 0  2  and 1.76 x 10 2 ) .
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Figur« 4 « 13 Demonstrat ion of How, with a Shorter  Source Tube, a S in g le  
Bore C o n s t r i c t i o n  May Produce Two A r i t h m e t ic a l  D i f f e r e n c e  Sp ikes .  (a)  
Normal Bass Trombone Response, (b) Response of Trombone wi th  One Rotary  
Valve  Displaced S l i g h t l y ,  (c) A r i t h m e t i c a l  D i f f e r e n c e .
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One could argue t h a t  the presence of the second spike could lead to con­
f us i on .  One might t h i n k  i t  was produced by a second physical  d i f f e r e n c e  in the
b e l l  r eg i on .  Ther e f or e ,  when a shor t  source tube i s  being used,  one can take
the f o l l o w i n g  precaut ions to guard aga i nst  m i s i n t e r p r e t a t i o n .  One should note  
only the l a r g e s t  a r i t h m e t i c a l  d i f f e r e n c e ,  and the p os i t i on  at  which the f i r s t  
s i g n i f i c a n t  d i f f e r e n c e  occurs.  I f  t her e  i s  a source r e f l e c t i o n  of the f i r s t  
a r i t h m e t i c a l  d i f f e r e n c e  s p i ke ,  i t  w i l l  have lower ampl i tude and w i l l  occur
l a t e r ,  and w i l l  t h e r e f o r e  be missed.  I f ,  however,  the second spike i s  picked
up, one can determine whether i t  i s  a source r e f l e c t i o n  by looking at  the t ime  
i n t e r v a l  between the two spi kes .  These precaut ions would tend to mean t h a t  i f  
t her e  is  more than one physica l  d i f f e r e n c e  between inst ruments ,  only the f i r s t  
would be detected r e l i a b l y .  Yet t h i s  r e s t r i c t i o n  a l r eady  e x i s t s  f o r  some 
d i f f e r e n c e s ,  such as leaks or changes in l en g t h ,  when a f u l l - l e n g t h  source 
tube i s  used (Sect ions 4 . 3 . 1  and 4 . 3 . 4 ) .
4.4.2. 8ingl* Standard Sourc* Tub* with Different End Coupl*r«,
The . 48 metre end-coupler  of the standard source tube was rep l aced by a 
conica l  coupler  whose i n t e r n a l  diameter  decreased l i n e a r l y  from l a r g e  to  
medium bore s i z e .  (The coupler  was made from the mouthpipe of a French hor n . )
A medium-bore Besson “Concorde" trombone was measured wi th and wi thout  
i t s  r o t a r y  va l ve  d isplaced s l i g h t l y .  The t e s t  was to see whether the m i s a l i g n ­
ment was d e t e c t a b l e .  F igure  4 . 14  shows t h a t  i t  was. The t a i l  a f t e r  the i n i t i a l  
impulse was no longer  smooth because of the cou p l e r ,  but t h i s  did not  a f f e c t  
the s e n s i t i v i t y  of the a r i t h m e t i c a l  d i f f e r e n c i n g  t echnique.
The coupler  f o r  a s ma l l - bo r e  inst rument  would have a more r ap i d  t a p e r ,  
but the above r e s u l t  suggests t h a t  i t  would a lso work adequate ly .
4.5. Application of Initruiont Comparison Tochniqu* in Industry
In t h i s  sect ion the p o t e n t i a l  uses of the inst rument  comparison t echnique  
in the brass inst rument  manufactur ing i nd us t r y  are examined.  Cur rent  i n s t r u -
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Figurt 4 • 14 Det ec t i on  of Valve Displacement  in a Medium-Bore Inst rument  
Using a Standard Source Tube. (a) Complete Normal Medium-Bore Trombone 
Response ( I nc l u d i n g  I n c i de n t  Impulse) ,  (b) A r i t h m e t i c a l  D i f f e r e n c e  
Between (a) and the Response when the Rotary Valve i s  Displaced S l i g h t l y  
(ROI on l y ,  Expanded V e r t i c a l  Sc a l e ) .
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ment ev a l u a t i o n  procedures are descr i bed ,  and l i m i t a t i o n s  i d e n t i f i e d .  Ways in 
which the new technique helps overcome these are exp l a i ned .  Some of the common 
manufactur ing defects  and inst rument  f a u l t s  which develop are discussed.  Exam­
ples of how the new technique has detected and diagnosed these are g iven.
4.5 . 1. Quality Control
4.5.1.1. Limitations of Current Tasting Procaduras
At present  in the brass inst rument  i n d u s t r y ,  t he r e  i s  no r i gorous  way of
t e s t i n g  the consistency of the completed brass ins t rument s .
Before assembly,  the physical  q u a l i t y  of the inst rument  p ar t s  i s  t es t ed  
using standard inspect i on  gauges.  A f t e r  assembly,  the decis ion about the l e v e l  
of q u a l i t y  i s  based on s u b j e c t i v e  human judgement r a t he r  than o b j e c t i v e  s c i e n ­
t i f i c  measurements.
The musical  q u a l i t y  of inst ruments at  the end of the product ion l i n e  is  
t es t ed  by an exper ienced p l a y e r .  He plays each inst rument  f o r  about 30 
seconds,  checking the q u a l i t y  of each note produced,  and the ease of va l ve  or 
s l i d e  oper a t i on ,  e t c .  Some manufacturers c la im t ha t  a s k i l l e d  t e s t e r  can 
det ect  smal l  i n co ns i s t enc i es  in l a r ge  batches of ins t rument s .  Whi le t h i s  may 
be t r u e ,  the consistency of such t e s t s  must be quest ioned.  Sometimes,  t ime  
c o n s t r a i n t s  d i c t a t e  t h a t  t h i s  f i n a l  t e s t i n g  procedure must be omi t t ed .
With the impulse t e s t i n g  equipment ,  each assembled inst rument  would be 
p h y s i c a l l y  measured,  and compared wi th i t s  p r o t o t ype .  Small  physica l  i ncon­
s i s t e n c i e s  would be obvious immediate ly .  The r e s u l t  of the next  sec t i on  (Sec­
t i o n  4 . 5 . 1 . 2 )  shows t h a t  the equipment can de t ec t  f a u l t s  which have been
missed by normal i nspect i on  methods at the f a c t o r y .
The impulse measurements take  longer  than the present  q u a l i t y  t e s t s .  A 
run in which f i f t y  measurements are averaged may t ake  about two minutes.  This  
t ime could e a s i l y  be reduced to l ess than one minute i f  the number of averages  
were reduced,  but g e n e r a l l y  a higher  number of averages i s  p r e f e r r e d  as then
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s t a t i s t i c a l  f l u c t u a t i o n s  are more l i k e l y  to be i roned out .  C l e a r l y ,  the t ime  
taken to measure each inst rument  w i l l  be an impor tant  cons i dera t i on  in a f a c ­
t o r y .
4.5.1.2. Example of Simulated Production Lin* Condition*
This example shows how the new apparatus i s  a powerful  q u a l i t y  cont ro l
t o o l .
Six medium-bore Besson cornet s  of the same model (Model 723)  were 
se l ected  at  random from wholesale  s t o r e s ,  and l abeled A to  F i n c l u s i v e .  
Inst rument  A was t r e a t e d  as the pr o t o t ype .  Comparison of measured responses 
showed t h a t  the cornets  f e l l  i n t o  two d i s t i n c t  groups:
Group 1 : A, D, F 
Group 2 : B,C,E
Pl ot s  of a r i t h m e t i c a l  d i f f e r e n c e  between "Group 2" cornets  and the protot ype  
contained a prominent  spike at  a poi nt  corresponding to the l a t t e r  end of the  
tuning s l i d e  (see F igure  4 . 1 5 ) .  Such a spike  was not present  when inst ruments  
w i t h i n  "Group 1" were compared.
Careful  i nspec t i on  of inst rument s  by Boosey and Hawkes GA personnel  
revealed t h a t  in Group 2 inst rument s  a shor t  t h i n - w a l l e d  s l eeve  was missing  
from the i n s i de  p ar t  of the inst rument  immediate ly  a f t e r  the l a t t e r  end of the  
tuning s l i d e .  This i s  i l l u s t r a t e d  in F i gure  4 . 1 6 .  There should be a s l eeve  at  
both ends of the tuning s l i d e  to c r e a t e  a smoother t r a n s i t i o n  between the end 
of the s l i d e  and the main body of  the  ins t rument .  When the s l eeve  i s  miss ing,  
a premature r e f l e c t i o n  r e s u l t s ,  which i s  det ect ed e a s i l y  by the  equipment .  
This f a u l t  had been missed complete ly  by the normal f a c t o r y  t e s t i n g  methods.
A good p l ayer  may have been abl e  t o  d e t e c t  a d i f f e r e n c e  between the two 
classes of i ns t r ument ,  but would have been unable to p i np o i n t  t he  f a u l t .
4.5.2. Valv* Misalignment
Valve misal ignment  i s  one of the most common manufactur ing f a u l t s .  When
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Figurt 4.13 Detect i on of a Sleeve Missing From a Medium-Bore Besson 
Cornet .  (a) Cornet  (A) wi th Sl eeve ,  (b) Cornet  (C) w i t hout  S l eeve.
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i t  occurs,  the holes in the va l ve  p i s t on  do not l i n e  up c o r r e c t l y  wi th the
holes in the va l ve  w a l l .  F igure 4 . 17  i l l u s t r a t e s  the problem. Both up and
down va lve  misal ignment  are caused by the accumulat ion of the e r r o r s  in
severa l  component p a r t s .  Tolerances are permi t t ed  in the manufacture of each 
p a r t ,  and on occasion the combinat ion of these may r e s u l t  in misal ignment .  
The worst  o f f ender s  are the p i s ton b u f f e r s  ( f e l t  or rubber)  which are not made 
to exact  t o l e r a n c e s ,  and may wel l  be a f f e c t e d  by envi ronmental  co nd i t i o ns .
Normal ly va lve  misal ignment  i s  inspected by the removal of some det ach­
able  par t  of the ins t rument ,  eg. a t uning s l i d e .  However,  when the inst rument  
i s  assembled,  i t  i s  of t en impossible  to see whether a va lve  i s  mi sa l i gned ,  
even using l i g h t s  and mi r r o r s ,  eg. tuba f a m i l y .  A few of the va lve  p o s i t i o n s  
may be v i s i b l e  f o r  the smal l  i nst ruments  only .
The measurements of t r a n s i e n t  response can be used to t e s t  the al ignment  
of a l l  va l v e s ,  i nc l ud i ng  the i n v i s i b l e  p o s i t i o n s  (see next  sec t i on  f o r  exam­
p l e s ) .  To achieve t h i s ,  the t e s t  inst rument  must be compared wi th an i n s t r u ­
ment in which the va lves  are known to be c o r r e c t l y  l i ned  up. T h e r e f o r e ,  in the
f a c t o r y  i t  would be es s e n t i a l  to ensure t h a t  the prot ot ype inst rument  did not  
have misal igned v a l ves .  With a f u l l y  assembled protot ype tuba ,  such a check 
cannot be made a f t e r  assembly;  e x t r a  spec i a l  care must t h e r e f o r e  be taken when 
manufactur ing the protot ype .
Top q u a l i t y  p l ayer s  may be abl e  to de t ec t  a d i f f e r e n c e  in the q u a l i t y  of  
inst ruments wi th  and wi thout  va l ve  misal ignment .  The r e s u l t s  of t he  next  sec­
t i o n  show t h a t  the t e s t i n g  procedure can d e t ec t  a misal ignment  of 1 m i l l i m e ­
t r e .  Thus, i t  i s  probably more s e n s i t i v e  than most p l a y e r s .  The equipment can 
also p i npo i n t  the p o s i t i o n  of mi sa l ignment ,  whereas a p l ayer  could not .  I t  
would be v a l ua b l e  to  run a s e r i e s  of s u b j e c t i v e  t e s t s  to see whether p l aye r s  
could d i s t i n g u i s h  inst ruments wi th va lves  c o r r e c t l y  and i n c o r r e c t l y  a l i g n e d .  
The t e s t i n g  techniques developed by P r a t t  (1978)  would be s u i t a b l e .  Of course,  
i f  the d i f f e r e n c e  cannot be discerned by p l a y e r s ,  the value of the extreme
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Figurv 4.17 Schematic Sec t i ona l  Diagram of Valve Line-Up E r r o r s  When 
Pist on i s  Depressed (Cumulat ive Er rors  of at  Least  Seven P a r t s ) .
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s e n s i t i v i t y  of the equipment could be c a l l e d  i n t o  quest ion.  At present ,  how­
ever ,  some p l ayers  are prepared to pay l a r g e  sums of money to s p e c i a l i s t  
"trumpet  doctors" who guarantee t ha t  they w i l l  r e - a l i g n  valves c o r r e c t l y .
4 .5 .2 .1 .  D*t«ction of Simulated Valve Mitil ignment
In t h i s  sect i on  va lve  misal ignment  i s  shown to be de t ec t ab l e  by the new 
inst rument  t e s t i n g  procedure.  Valve misal ignment  was simulated by pressing a 
va lve  down by a measured amount (1,  3,  4 or 5 m i l l i m e t r e s )  and holding i t  in 
p o s i t i o n  using adhesive tape.
Systemat ic i n v e s t i g a t i o n s  were c a r r i e d  out on a B - f l a t  euphonium (Boosey
and Hawkes "Sovereign")  and a cornet  (make unknown).  Each va lve  was i n v e s t i ­
gated in t u r n .  The aims were as f o l l ows :
( 1 ) to f i n d  the minimum amount of misal ignment  which could be detected r e l i ­
ab l y ,
( 2 ) to f i n d  whether the ex t ent  of the misal ignment  bore any r e l a t i o n  to the 
s i ze  of the r e s u l t i n g  a r i t h m e t i c a l  d i f f e r e n c e  spike .
Ge n e r a l l y ,  misal ignments of 4 or 5 m i l l i m e t r e s  g r e a t l y  a l t e r e d  the char ­
ac t e r  of the l a t t e r  p a r t s  of the response.  F igure  4 . 18  shows t h i s  f o r  the 4th 
va lve  of the euphonium. Here the rms d i f f e r e n c e  was 2 .36  x 10 i n d i c a t i n g  
major d i f f e r e n c e s  between the two responses ( r e f e r  to Sect ion 4 . 2 . 3 ) .  
Misal ignments as smal l  as 1 m i l l i m e t r e  could be det ec t ed .  F igure  4 . 19  i l l u s ­
t r a t e s  t h i s  f o r  the f i r s t  valve  of the c or ne t .  The a r i t h m e t i c a l  d i f f e r e n c e  at
- 2the p o s i t i o n  of misal ignment  was - 1 . 1 4  x 10 which i s  above the s i g n i f i c a n c e  
- 2l e v e l  of 1 x 10
For each va lve  of the euphonium, the ampl i tude of the a r i t h m e t i c a l  
d i f f e r e n c e s  sp i ke ( s )  was p l o t t e d  aga i nst  the ex t ent  of the misal ignment  ( in  
m i l l i m e t r e s ) .  The r e s u l t s  are displayed in F igure  4 . 20 .  The r e l a t i o n s h i p  is  
reasonably l i n e a r  f o r  a l l  va l ves ,  wi th g r a d i e n t s  varying between 0 . 9  and 1.9.  
(For the cornet  the l i n e a r  r e l a t i o n s h i p s  were not so a ppar ent . )
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Figur« 4.18 I l l u s t r a t i o n  of How Large Valve Misal ignments Change the  
Character  of the Response. (a)  Normal Euphonium Response,  (b) Same 
Euphonium wi th Valve 4 Misal igned by 5mm.
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F i g u r t  4 . 19  De t ec t i on  of loo Valve Misa l ignment .  (a)  Normal Cornet  
Response,  (b) A r i t h m e t i c a l  D i f f e r e n c e  Between (a) and Response when 
F i r s t  Valve i s  Mi sa l igned by 1mm (Expanded V e r t i c a l  Sc a l e ) .
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I t  has a lso been -found that  more than one misal ignment  can be detected at  
the same t ime,  for  ins tance ,  when a l l  t h r ee  cornet  valves were misal igned by 3 
m i l l i m e t r e s ,  each misal ignment  could be seen i n d i v i d u a l l y  in the a r i t h m e t i c a l  
d i f f e r e n c e  data .
4 .5 .2 .2 .  Ex amp I t  of Actual Valvt Group Fault
Two Boosey and Hawkes "Sovereign" B - f l a t  euphoniums were compared. F i g ­
ures 4.21 and 4 . 2 2  show the "va lves up" and "valves down" comparisons.  These 
p l o t s  showed t ha t  in both cases one inst rument  response had a much l a r g e r
spike between va lves  1 and 2 than the o t her .  O r i g i n a l l y  i t  was supposed t h a t  
t h i s  was caused by va lve  misal ignment .
The euphonium wi th the suspected f a u l t  was examined by removing i t s  
mouthpipe.  (This was necessary because va l ve  al ignment  wi t h i n  a f u l l y  assem­
bled euphonium cannot be inspected -  see Sect ion 4 . 5 . 2 . )  This showed t h a t  the  
al ignment  of the f i r s t  va lve  was good. The e x t r a  spike was caused by a smal l  
piece of metal  swarf  lodged in the bow between the f i r s t  and second va l ves .  
Figures 4 . 23  ( a ) ,  (b) and (c) show photographs of the detached va l ve  group,
the blockage in the valve tubing where i t  was o r i g i n a l l y  d i scovered,  and the
piece of swarf  a f t e r  c a r e f u l  removal from the i ns t r ument .  This was a ser i ous
v \ 
manufactur ing f a u l t ,  which,  before  the t r a n s i e n t  response measurements,  had
remained undiscovered.
4 .3 .3 .  Tubt Variation
The method of manufactur ing tubas has changed l i t t l e  dur ing the l a s t  cen­
t u r y .  The inst rument  i s  s t i l l  not  yet  f u l l y  j i gged C#3. Hence v a r i a t i o n s  may
a r i s e .
The inst rument  i s  made in two sub-assembl ies which are then j o i n e d .  The 
va lve  group i s  made s e p ar a t e l y ,  and s l i d e s  are assembled onto i t .  L i t t l e  v a r i -
[# ]  A j i g  holds a l l  the par t s  of the i nst rument  in pos i t i o n  p r i o r  
to s o l de r i ng .
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Figur* 4.21 Valves Up Comparison of Two B - F l a t  Euphoniums,  
Pla t ed  Sovereign,  (b) Cle.< i^—-LaccjuereiL Sovere ign,  (c! 
Di f f e r e n c e .
(a) S i l v e r -  
Ar i thmet i cal
CD
1VN3IS
Figurt 4.22 Fi r s t  Par t  of Valves Down Comparison of the  Same Two 
Euphoniums as in F igure  4 . 2 1 .  (a)  S i l v e r - P l a t e d  Sovere ign,  (b) Clear- 
£uc<jaered Sovere ign,  <c) Ar i t hme t i c a l  D i f f e r e n c e .
< r
0 10 20 30 40 50mm
F ig u re  4 .2 3  Photographs Illustrating Detected Euphonium Valve 
Group Constriction. (a) Detached Valve Group with Arrow 
Indicating Location of Constriction, (b) Constriction as Discovered 
in Tubing, (c) Constriction After Removal (Metal Swarf)
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at i on  occurs between manufactured va lve  groups.  Elsewhere,  the main body of  
the inst rument  -  the b e l l ,  bottom end and branches -  is formed,  such t h a t  at  
the innermost par t  of the inst rument  a gap i s  l e f t  f or  the valve group to f i t  
in .  Because the inst rument  i s  not j i g g e d ,  t h e r e  may wel l  be e r r or s  in the s i ze  
of t h i s  gap. I f  the gap i s  too l a r g e ,  an e x t r a  piece- of tubing w i l l  be 
requi red to reduce i t ;  the mouthpipe might then be trimmed with shears so t ha t  
the inst rument  mai nta i ns  the cor r ec t  o v e r a l l  l engt h .  I f  the gap i s  too smal l ,  
i t  has to be widened by tr imming o f f  some more tubing;  here,  the mouthpipe 
would be lengthened by adding e x t r a  t ub i ng .  The p o s i t i on i n g  of the va l ve  group 
may vary by 13 m i l l i m e t r e s  or so. I t s  p o s i t i o n  i s  determined using a metre 
r u l e ;  t h i s  i s  r a t he r  crude.
An example of d e t e c t i o n  of tuba v a r i a t i o n  i s  presented in the next  sec­
t i o n .  Whi l s t  the equipment cannot cure the above s i t u a t i o n ,  i t  can be used to  
assess the t yp i c a l  v a r i a t i o n s  which occur between tubas.
4.5.3.1. Exanplti of Tuba Variation
Three E E - f l a t  tubas (Boosey and Hawkes "Sovere ign" ,  Model 982) were 
l a b e l l e d  A, B and C. Each was measured wi th a l l  i t s  valves up and again wi th  
a l l  i t s  valves down. Al l  s l i d e s  were pressed in f u l l y  dur ing measurements to 
ensure t ha t  a l l  inst rument s  were in the same s t a t e .
As the tuba record i s  the longest  and most compl icated so f a r  cons idered,  
a d d i t i on a l  measurements had to be made in order  to i d e n t i f y  the d i f f e r e n t  
regions of the r ecord ,  eg. va l ves  depressed s l i g h t l y ,  waterkeys opened,  pieces  
of p l a s t i c i n e  placed j u s t  i n s i d e  tuning s l i d e s .
A r i t h me t i c a l  d i f f e r e n c e s  were wel l  above the s i g n i f i c a n c e  l e v e l  of 
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2 x 10  f o r  a l l  poss i b l e  "va lves up" and "va lves down" comparisons,  as shown 
in Table 4 . 2 .  These d i f f e r e n c e s  occur in the va l ve  group r eg i on .  The main 
cause i s  smal l  v a r i a t i o n s  in l eng t h ,  which give p a r t i c u l a r l y  l a r g e  a r i t h m e t i ­
cal  d i f f e r e n c e s  because of the many spikes in the va lve  group region of the  
response record.  F igure  4 .24  compares the t hr ee  tuba responses in the va lve
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Figurt 4.24 Expanded Comparison of the F i r s t  Par t  of the "Valves Up" 
Responses of the Three Tubas Superimposed.  Tuba A ( B l ue ) ,  Tuba B (Red) ,  
and Tuba C (Green) .
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TABLE 4 . 2
Maximum A r i t h m e t i c a l  D i f f e r e n c e s  for  Tuba Comparisons
Tubas Maximum A r i t h m e t i c a l  D i f f e r e n c e  ( x l 0  )
compared Valves up Comparison Valves down Comparison
A, B 5 . 5  (End of VG) 4 . 7  (Valve 1)
A, C 2 . 9  (End of mouthpipe) 3 . 8  (Valve 1)
B, C 3 . 8  (End of VG) 3 . 0  (Valve 1)
group region (va l ves  up) .  The presence of length v a r i a t i o n s  is  obvious from 
v i sua l  i nspec t i on  of t h i s  p l o t .  Det erminat ion of the p os i t i o ns  and amounts of  
the length v a r i a t i o n s  was c a r r i e d  out by v isua l  i nspec t i on  of superimposed 
p l a t s  s h i f t e d  r e l a t i v e  to each other  by d i f f e r e n t  amounts.
In the mouthpiece region of F igure  4 .24  the tuba A response is  t h r e e  sam­
ples l a t e r  than the other  two responses,  i n d i c a t i n g  t ha t  the mouthpipe of tuba 
A is  s l i g h t l y  longer  than those of the other  two tubas (about 10 m i l l i m e t r e s  
l o n g e r ) .  However,  in the va lve  group r eg i on ,  tuba A was one sample ahead of 
tuba C, suggest ing t h a t  at  t h i s  p o s i t i o n  the length of tuba A was about 4 m i l ­
l i m e t r e s  too s h o r t .  I t  would appear t h a t  the mouthpipe of tuba A had been made
10  m i l l i m e t r e s  longer  than standard to compensate f o r  a loss of l engt h  e l s e ­
where; po ss i b l y  the tubing j us t  before  the va lve  group had had to be trimmed 
in order  f o r  the va l ve  group to f i t  onto the main body of the ins t rument .  The 
measurements would suggest t h a t  because inst rument  A i s  s t i l l  s l i g h t l y  too 
s ho r t ,  i t s  mouthpipe should have been made even l onger .
Comparison of tubas B and C shows t h a t  B appears to " lose" 2 samples 
(about 7 m i l l i m e t r e s )  between the mouthpipe and the valve group,  and a f u r t h e r  
2 samples towards the end of the va lve  group.
The major d i f f e r e n c e  suggested by the "valves down" comparison was p oss i ­
ble misal ignment  of the f i r s t  va lve  in tuba A. This was suspected because of a 
high ampl i tude negat i ve - go i ng  spike in the valve 1 region of the response.  
This sp i ke ,  however,  was not present  in the "va lves up" comparison.  (The va lve  
al ignment  was not checked in t h i s  case,  since the inst rument  a c t u a l l y  belonged
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to a prof ess i ona l  p l a y e r ,  and i t s  disassembly may have proved i n c on v e n i e n t . )  
Other d i f f e r e n c e s  between responses appeared to be produced by minor s t r u c ­
t u r a l  d i f f e r en c e s  wi t h i n  the va lve  group r a t h e r  than v a r i a t i o n s  in l engt h .
These r e s u l t s  show t h a t  v a r i a t i o n s  in l ength of j us t  a few m i l l i m e t r e s  
can be detected by comparing the response measurements. Detect ion of these
re q u i r e s  user i n t e r a c t i o n ;  i t  i s  not automat ic as ye t .  Close study of the
response was necessary bef ore  the above d i scover i e s  were made. As more
exper ience in i n t e r p r e t i n g  responses i s  gained,  the diagnosis  procedure w i l l  
be speeded up.
4.5.4. Common Manufacturing Faults.
A d e t a i l e d  examinat ion of how valves may become poor ly  a l igned and how 
v a r i a t i o n s  in l ength may a r i s e  has a l ready  been given.  A v a r i e t y  of other  
manufactur ing f a u l t s  may occur .
(1) Cons tri c t i o n s .  Tubing may become complete ly  or p a r t i a l l y  blocked by some­
t h i ng  being l e f t  in the inst rument  u n i n t e n t i o n a l l y ,  eg. c l eani ng
m a t e r i a l ,  smal l  p ieces of metal ;  unwanted debr i s  l e f t  a f t e r  s o l d e r i n g .
An example of an act ua l  c o n s t r i c t i o n  was given in Sect ion 4 . 5 . 2 . 2 .  A
f u r t h e r  example f o l l o w s  in Sect ion 4 . 5 . 5 . 2 .
(2) S t r u c t u r e . A j o i n  between sec t i ons  or the ends of a s l i d e  may be l e f t
rough instead of smoothly chamfered;  an example was given in Sect ion
4 . 5 . 1 . 2 .  The wrong p a r t  may be f i t t e d  a c c i d e n t a l l y ,  eg. mouthpipe or
b e l l .
(3) Faults.  Small  l eaks may occur around the s l i d e s  and va l ves .  Small  dents
may occur.  The process of "plugging" ,  t h a t  i s  f o r c i n g  ba l l  bear ings down
c y l i n d r i c a l  s e c t i o n s ,  i s  designed to smooth out smal l  dents and other
i mper f ec t i ons .
4 .5 .5 .  Dttcction tnd Diagnosis of Faults which Develop
4 .5 .5 .1 .  Impulse Apparatus «• « Diagnostic Tool
A powerful  f e a t u r e  of the apparatus is  i t s  a b i l i t y  to diagnose f a u l t s .
I t  i s  proposed t ha t  every manufactured inst rument  is measured, and that  t h i s  
measurement is stored on the computer.  I f  the inst rument  develops a f a u l t  some 
years l a t e r ,  i t  can be remeasured,  and the new measurement compared wi th the  
o r i g i n a l  measurement.  Some examples of how t h i s  technique could be of great  
use f o l l o w .
Var ious f a u l t s  may develop a f t e r  the inst rument  is sold.  I t  may be 
dropped or dented.  Loose i tems in a p l a y e r ' s  case may f i nd  t h e i r  way i n t o  the
b e l l .
The present  procedure used by the Boosey and Hawkes f a c t o r y  in these  
s i t u a t i o n s  i s  to pay a p r o f ess i ona l  musician (or a r e s i den t  f a c t o r y  musician)  
to judge the f a u l t y  inst rument  by p l ay i ng  i t .  The musician i s  not always able  
to diagnose the f a u l t .
In one such i n s t a nc e ,  a p l ayer  re turned a euphonium complaining t h a t  i t
was " s t u f f y " .  Ev e n t u a l l y  i t  was necessary to disassemble the whole inst rument
to discover  t ha t  a c i g a r e t t e  l i g h t e r  had become lodged wel l  i n s i de  the i n s t r u ­
ment.  Disassembly i s  expensive because a f t e r  reassembly,  the whole inst rument  
has to be r e p o l i s h e d ,  l acquered and p l a t ed .  By comparing a new measurement of  
the euphonium wi th i t s  o r i g i n a l  measurement or a measurement of the prot ot ype  
euphonium, the equipment would have immediate ly  detected the p r ec i se  p o s i t i o n  
and ex t en t  of a c o n s t r i c t i o n  at  the c i g a r e t t e  l i g h t e r  p o s i t i o n .
In another  case,  a p layer  complained of his inst rument  "buzz ing" .  This  
was because a t i c k e t  had got stuck in a bend. Another p layer  discovered t h a t  
his handkerchief  had found i t s  way i n s i d e  his  i nst rument .  In these i n s t an ces ,
the apparatus would have been able to l oca t e  the f a u l t .
Once the equipment has located a c o n s t r i c t i o n ,  a rod can be i n s e r t e d  to 
t ha t  po i n t  and an at tempt  made to c l ea r  i t  (or at  l e a s t  i d e n t i f y  i t ) .  F o l l o w ­
ing t h i s ,  another  measurement would show whether the ob s t r uc t i on  had been
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removed s u c c e s s f u l l y .  In t h i s  way complete disassembly may be avoided.
A p layer  may also r e t u r n  his inst rument  complaining t ha t  i t  has gone out 
of tune.  The measurement technique would show whether any changes have 
occurred in the inst rument  since i t s  o r i g i n a l  measurement,  i e .  at  the end of 
the product ion l i n e  before i t  was sold.  Any detected changes could provide  
clues about why the inst rument  has become mistuned.  A p a r t i a l  blockage could 
cause mistuning.
C l e a r l y ,  wi th the new apparatus^ f a u l t  d iagnosis  i s  quicker  and simpler  
(and perhaps cheaper ! )  than at  present .
In the next  s e c t i o n ,  an example of how a t rumpet  f a u l t  was diagnosed is  
given.
4 .5 .5 .2 .  Example of Trumpet Fault  Diagnotit
During a se r i es  of s u b j e c t i v e  t e s t s  on a set  of Boosey and Hawkes 
"Sovereign" t rumpets,  a p a r t i c u l a r  t rumpet  was diagnosed as being " s t u f f y " .  
(The term " s t u f f y "  i s  expla ined in Sect ion 6 . 5 . 4 . )  This t rumpet  and f i v e  o t h ­
ers of the same type were measured and compared to see whether the s t u f f y  
t rumpet  could be i d e n t i f i e d ,  and whether the cause of the s t u f f i n e s s  could be 
discovered.
Comparison of the responses of a l l  poss i b l e  p a i r s  (15)  of inst rument s
revea l ed t ha t  one trumpet  c o n s i s t e n t l y  gave r i s e  to a l a r g e  a r i t h m e t i c a l
d i f f e r e n c e  "bump" in the be l l  bend region of the response.  This t rumpet  was
c o r r e c t l y  i d e n t i f i e d  as the s t u f f y  t rumpet .  The ampl i tude of the bump va r i ed  
- 2  - 2between 5 . 2  x 10 and 6 . 7  x 10 . Figure 4 .25 shows the bump c l e a r l y .  This
r e s u l t  led one to suppose t h a t  something lodged i ns i de  the b e l l  bend was caus­
ing the s t u f f i n e s s .  No c o n s t r i c t i o n  could be seen by looking i n t o  the b e l l .  
When the inst rument  was cut open, i t  was discovered t ha t  some " Sc o t c hbr i t e "  
( c l ean i ng  m a t e r i a l )  and f l a k e s  of s i l v e r  p l a t e  had formed the c o n s t r i c t i o n  in 
the crook of the b e l l .  A photograph of t h i s  i s  shown in F igure  4 . 2 6 .  I t  would
not have been possible  to view t h i s  c o n s t r i c t i o n  even i f  the b e l l  had been
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Figur» 4.23 Det ec t i on  o-f Co n s t r i c t i o n  in the Bel l  Bend o-f Trumpet .  (a)
Trumpet wi t hout  C o n s t r i c t i o n ,  (b) Trumpet wi th C o n s t r i c t i o n ,  (c)
SA
MP
LE
 
NU
M
BE
R
F ig u re  4 .2 6  Photograph to Illustrate the Bell Constriction of 
Figure 4.25
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removed -from the t rumpet .  The equipment was able to loca t e  the c o n s t r i c t i o n  
e a s i 1 y .
Also in the above t e s t s ,  the equipment was able to det ect  d i f -f er ences 
between the other  -five t rumpets.  One trumpet  had the wrong mouthpipe - f i t t ed ;
— 9
t h i s  caused a r i t h m e t i c a l  di-f-f erences o-f approx 2 . 1  x 10  in the mouthpipe 
region.  Another t rumpet  was a s l i g h t l y  di - f - ferent model; i t  had a d i s c o n t i n u i t y  
at  the s t a r t  o-f the tuning s l i d e  which was not present  in the other  f i v e  t rum-  
pets ,  and r e s u l t e d  in a r i t h m e t i c a l  di-f-ferences which var i ed between 2 . 3  x 10 
and 3 . 7  x 10~2 .
4.5.6. Summary of Saction 4.5
A s c i e n t i f i c  and r e l i a b l e  means o-f i nst rument  q u a l i t y  cont ro l  has not  
been a v a i l a b l e  to the brass inst rument  i n dus t r y  to date .  I t  has been shown 
t ha t  the a r i t h m e t i c a l  d i f f e r e n c i n g  technique provides t h i s .  I t  has been able
to de t ec t  common manufactur ing f a u l t s ,  such as va lve  misal ignment  and length
v a r i a t i o n .  The technique has found ser ious f a u l t s  which would not be det ect ed  
by normal f a c t o r y  i nspect i on  methods. This helps to expl a i n  why p l ayer s  c la im  
to be able to detect  d i f f e r e n c e s  between mass produced inst ruments  of the same
type.  The technique can also be used to diagnose the causes of compla ints  
about re turned inst rument s .
The p o t e n t i a l  b e n e f i t s  of the new equipment to the brass and woodwind 
i nst rument  i n d u s t r i e s  worldwide are c l e a r .
4.6. Equipment Required for Factory 8yit«m
4.6.1. Introduction
To date ,  a l l  measurements on i nst ruments  have been made using the Nova 4-  
based equipment.  The Nova 4 i s  now an old machine.  A f a s t e r  more u p - t o - d a t e  
microcomputer would be requi red  in the f a c t o r y .  The design of a new
microcomputer-based apparatus w i l l  now be considered.
4 .6 .2 .  Data Acquisition Options
Two opt ions e x i s t .  Data samples can be read d i r e c t l y  -from the ADC i n t o  
computer memory. This would r e q u i r e  a h i g h l y  so p h i s t i c a t e d  microcomputer wi th  
a p a r a l l e l  i n t e r f a c e  which could cope wi th high data r a t es .
A l t e r n a t i v e l y ,  data can be read i n t o  a t r a n s i e n t  recorder  from which i t  
would be fed at  a slower r a t e  i n t o  the c o n t r o l l i n g  microcomputer.  In t h i s  
case,  a l ess s o p h i s t i c a t e d  and t h e r e f o r e  cheaper microcomputer would s u f f i c e .
The l a t t e r  opt ion is  p r e f e r a b l e  as i t  i s  cheaper ,  s impler  and more r e l i ­
ab le .
The other  hardware components necessary f o r  data a c q u i s i t i o n  are the  
spark source,  source tube,  microphone,  a m p l i f i e r ,  f i l t e r ,  programmable o s c i l ­
l a t o r  and ADC.
E i t h e r  a Knowles e l e c t r e t  or a fi H  microphone may be used (see Sect ion  
3 . 1 . 4 ) .  The Knowles is  f a r  cheaper;  i t s  performance i s  adequate,  but s p o i l t  by 
e l e c t r i c a l  p i ck - up .  The f i l t e r  would be a simple low-pass f i l t e r  wi th a f i x e d  
c u t - o f f  f requency of 20 kHz.
The programmable o s c i l l a t o r  (or f requency s ynt hes i se r )  should have f r e ­
quencies ranging to at  l e a s t  70 kHz. The e s s e n t i a l  f e a t u r e  i s  t h a t  the sam­
pl i ng  r a t e  must be set  to an accuracy of .1 Hz, i e .  6 d i g i t s ,  so t h a t  smal l  
changes in ambient  temperature can be compensated f o r .
The ADC may a l r ead y  be b u i l t  i n t o  the t r a n s i e n t  capture module.  I t  should
have e i t h e r  a b u i l t - i n  or a d d i t i o n a l  sample-and-hold device .  Accuracy should
be at  l ea s t  12 b i t s .  I t  should be able to cope wi th data r a t es  up to at  l e a s t
70 kHz,  i e .  70000 words per second.
4.6.3. Microcomputer 8y«tem
The des i red f e a t u r e s  of the microcomputer are as f o l l o ws .
(1) Fast  1 6 - b i t  opera t i ons .
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(2)  Back-up - f a c i l i t i e s  in order  tha t  back-up copies o-f each measurement can 
be stored;  t h i s  can be achieved wi th e i t h e r  an ex t r a  disk d r i ve  or tape  
d r i v e .
(3) Al l  the necessary inter - faces to p e r i p h e r a l  equipment.  These are i l l u s ­
t r a t e d  in F igure  4 . 27 .
Figur* 4.27
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High speed
(4) High r e s o l u t i o n  colour  graphics  (at  l e a s t  512 x 512) .
(5) Adequate memory -  at  l e a s t  256 k i l o b y t e s .
( 6 ) Adequate sof t war e .
High r e s o l u t i o n  screen colour  graphics have not been a v a i l a b l e  on the  
Nova. They would give f l e x i b i l i t y  and p o t e n t i a l  f o r  f u r t h e r  development .  One 
could d i v i d e  each response record i n t o  d i f f e r e n t  sec t i ons  to show the d i f ­
f e r e n t  regions of the inst rument .  Po s i t i o ns  of maximum a r i t h m e t i c a l  d i f f e r ­
ence could be pointed out a u t o m a t i c a l l y  wi th f l a s h i n g  coloured arrows.  In 
a d d i t i o n ,  wi th a cursor ,  the user could l oca t e  the prec i se  p o s i t i o n s  at  which
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the d i f f e r e n c e s  appear to be most i mpor t ant .
For hard copy p l o t s ,  a colour  d i g i t a l  p l o t t e r  i s  r e qu i r e d .
A p r i n t e r  could be used to p r i n t  some form of q u a l i t y  cont ro l  c e r t i f i ­
ca t e ,  i nc l ud i ng  d e t a i l s  of the inst rument  model and s e r i a l  number, date of 
measurement,  r e s u l t  of d i f f e r e n c i n g  t e s t ,  e t c .  A high q u a l i t y  p r i n t e r  wi th an 
automat ic sheet  feeder  could produce such c e r t i f i c a t e s  a u t o m a t i c a l l y .
4.7. Overall 8ummary of Chapter 4
In t h i s  chapt er ,  the technique of computing the a r i t h m e t i c a l  d i f f e r e n c e  
between t r a n s i e n t  responses has been shown to be a va l uab l e  way of ensur ing  
consistency of manufactured brass inst ruments .  Common manufactur ing f a u l t s ,  
eg. l eaks ,  c o n s t r i c t i o n s ,  wrong mouthpipe,  have been de t ec t ed .  Fau l ts  which 
were missed by e x i s t i n g  q u a l i t y  cont ro l  methods have been found.
The s e n s i t i v i t y  of the new technique i s  l i m i t e d  by the f a c t  t ha t  a meas­
ured response can be s l i g h t l y  a f f e c t ed  by f a c t o r s  other  than the inst rument  
i t s e l f ,  eg. ambient c o n d i t i on s ,  but valve misal ignments of 1 m i l l i m e t r e  can 
s t i l l  be det ect ed.
People wi t h i n  the brass inst rument  i ndus t r y  have reacted wi th enthusiasm 
to the proposed system,  recogni s i ng  i t s  p o t e n t i a l  b e n e f i t s .
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CHAPTER 5 
ANALY8I8 OF RESULT8 
5.1. Introduction
In t h i s  chapter  the measurements o-f i nst rument  response are subjected to 
a more r igorous ana l ys i s  than t ha t  descr ibed in the previous chapt er .  The aim 
o-f the ana l ys i s  was to r econs t r uc t  the shape o-f the inst rument  bore accu­
r a t e l y .  The - f i rs t  stage in the process i s  deconvolut ion.  In Sect ion 5 . 2 ,  d i f ­
f e r e n t  methods of deconvolut ion are s y s t e m a t i c a l l y  i n v e s t i g a t e d .  In Sect ion
5 . 3 ,  the a p p l i c a t i o n  of the Gerchberg r e s t o r a t i o n  technique to the deconvolu­
t i on  r e s u l t s  i s  discussed.
The bore recon s t r uc t i on  method is  expla ined and assessed in Sect ion 5 . 4 .  
The associated d i r e c t  process,  by which the response of an i nst rument  can be 
c a l c u l a t ed  from i t s  bore shape,  i s  discussed a l so .
Computer programming was done on the Gould "Powernode 6000" minicomputer ,  
which has 16 Megabytes of v i r t u a l  memory (4 Megabytes of physica l  memory).  To 
maintain the highest  poss ib le  numerical  accuracy throughout ,  a l l  a r i t h m e t i c a l  
operat i ons  were c a r r i e d  out in double p r e c i s i on ;  t h i s  r equ i r ed  l a r g e  amounts 
of memory which were un a v a i l a b l e  on the Nova minicomputer  (only 32 k i l o b y t e s  
of memory).  Hence, data acqui red on the Nova had to be t r a n s f e r r e d  to the  
Gould v i a  a s e r i a l  l i n k  f o r  l a t e r  a n a l y s i s .
5.2. Deconvolution
5.2.1. Method of A n a i s n a n t  of Diffarant Daconvolution Tachniquai
In Chapter 2,  var ious deconvolut ion methods were i n t roduced.  The t h r ee  
se l ected  f o r  systemat ic  i n v e s t i g a t i o n  were the f o l l o w i n g :
( 1 ) t ime domain deconvolut ion,
( 2 ) f requency domain deconvolut ion,
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(3) const ra i ned i t e r a t i v e  deconvolut ion.
These were chosen as they represent  comple t e ly  d i f f e r e n t  approaches to the 
problem,  and so enable a thorough survey of the possible  techniques.  To com­
pare the methods,  each was appl ied to the same "model" data and also to rea l  
exper imental  data .  The -fol lowing -four data se t s ,  two model and two r e a l ,  were 
used,  each con s i s t i n g  o-f a response,  g (n samples) and an input  s i g n a l ,  f (m
sampl es) .
DATA SET (A) Noi».lt«» Hodtl Oita
The re-f 1 e c t a n c e , h (1 samples) was generated -from model bore data (F igure  
5 . 20 )  using the method descr ibed l a t e r  in Sect ion 5 . 4 . 1 . 2 .  The input  -f was a 
s y n t h e t i c  impulse.  The response g was obtained by convolut ion o-f -f wi th h. 
Figure  5.1 shows g, h and -f. Here 1=440,  m=73 and n = 512.  This sa t i s - f i es  the
c r i t e r i o n  expl a i ned in Sect ion 2 . 3 . 6 . 1 ,  namely n= l +m- l ,  and thus avoids wra­
paround d i f f i c u l t i e s .
DATA SET (B) Noisy Hodtl Data
This set  was the same as Set (A) but wi th IX Gaussian noise superimposed 
on g. The percentage of Gaussian noise i s  c a l cu l a t ed  using the f o l l ow i n g  quo­
t i e n t
(rms d i f f e r e n c e  between noisy and no i se l ess  q)
X (rms value of g)
In t h i s  way, the s t a b i l i t y  of each deconvolut ion method in the presence of
noise could be t e s t ed .  This i s  a p a r t i c u l a r l y  impor tant  t e s t ,  as noise can
adverse l y  a f f e c t  the numerical  s t a b i l i t y .  Gaussian noise i s  a more r e a l i s t i c  
approximat ion to exper imental  noise than un i f o rml y  d i s t r i b u t e d  noise.
DATA 8ET <C) R«il Experimental D«ti
Measurements of a s t r a i g h t  t rumpet  were used. See F igure  5 . 2 .  Here,  
n=2048, m=746 and 1=1303.
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F i g u r t  3 .1  Noiseless Model Data. (a) Input Pulse, f , (b) Impulse
Response, h (Synthesised From Model Bore Data of Figure 5 .2 0 ) ,  (c) 
Response, g Obtained by Convolution of f and h. (NOTE: Above Plots a l l  
have D i f ferent  Vert ical Scales.)
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FigUPi  S . 2 Real Exper imental  Data.  (a) I n c i de n t  Pulse,  f ,  (b) Response 
o-f S t r a i g h t  Trumpet.
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DATA SET (D) Smoothed Rval Exparlmantal Data
Here,  the f and q o-f Set (C) were smoothed using the method o-f 5 - po i n t
smoothing (Su, 1971) .  This was to see whether smoothing would reduce the
numerical  i n s t a b i l i t i e s  caused by noise.
To assess the success o-f each method of deconvol ut i on ,  the computed 
r e f l e c t a n c e ,  h was compared wi th the known h. For data sets (A) and ( B) the  
t rue  h was known; f o r  sets (C) and (D) i t  was not ,  so a "best  approximat ion"
to h had to be used instead.  The e r r o r  was q u a n t i f i e d  by c a l c u l a t i n g  the rms
e r r or  and the maximum e r r o r .  A q u a l i t a t i v e  judgement was made by v i sua l  
i nspect i on  of superimposed p l o t s  of the known and c a l c u l a t e d  h ' s .  As a double 
check,  the c a l c u l a t e d  h was convolved wi th f ,  and the r e s u l t  compared wi th the  
known g, again using rms e r r o r ,  maximum e r r o r  and inspect i on  of p l o t s .
Resul t s  f o r  each of the three  deconvolut ion methods w i l l  be summarised 
and discussed in t u r n .
5.2.2. Tim* Domain Deconvolution
This method was expla ined in Sect ion 2 . 3 . 1 .
For a l l  four  data se t s ,  t h i s  method produced r e s u l t s  co ns i s t i ng  of o s c i l ­
l a t i o n s  of e v e r - i n c r e a s i n g  ampl i tude.  This was because the f i r s t  element  of 
each f ,  f ( 0 ) was equal  or c lose to 0 , corresponding to the foo t  of the input  
impulse.  As f <0) i s  the denominator at  each step of the deconvo l u t i on ,  t h i s  
rendered the procedure unst abl e .  When the f i r s t  element  had a s u f f i c i e n t l y  
high v a l u e ,  the r e s u l t s  were c o r r e c t .  Two at tempts were made to overcome t h i s  
problem of i 1 1 - c o n d i t i o n i n g .
5.2.2.1. Rvgulirifition
F i r s t ,  a simple form of r e g u l a r i s a t i o n  was t r i e d  (Louer et  a l , 1969) .
Here,  the normal convolut ion equat ion
n
g(n)  = E f ( n - i  + 1) h ( i )  ( 2 . 8 )
i = 1
-  137 -
i s  replaced by
n - 1  
(1 + e) g ( n ) = E ( -F ( n - i  +1) h ( i )  + e f ( n - i  + 1) h ( i )  ) ( 5 . 1 )
i = 1
where e i s  an a r b i t r a r y  r e g a l a r i s a t i o n  parameter ,  e is chosen to give the  
optimum compromise between i n s t a b i l i t y  and p r ec i s i o n .  As e tends to zero ,  the  
i n s t a b i l i t y  i ncr eases ,  but as i t  becomes l a r g e r ,  the so l u t i o n  moves - further  
away -from the t r u e  s o l u t i o n .  A value of e which gave a reasonable s o l u t i o n  
could not be found.  The i n t r o d u c t i o n  of e c e r t a i n l y  delayed the onset of the 
o s c i l l a t i o n s ;  and the l a r g e r  e,  the g r e a t e r  the delay,  but the o s c i l l a t i o n s  
were always present  no mat ter  how l a r ge  e was ( e> 1 0 0 0 ) .
5.2.2.2. Input Dit« Shift
The second at tempt  to overcame the i n s t a b i l i t y  was more success f u l .  I t
consisted of s h i f t i n g  f so t ha t  i t s  f i r s t  element  was no longer  at  the f oo t  of
the impulse,  but a shor t  way up the l eading edge of the impulse.  Thus,  the
f i r s t  element  t akes on a higher  value and the method i s  s t a b i l i s e d .  In the  
process,  the shape of f  has been s l i g h t l y  modi f i ed ,  and consequent ly one would 
expect  a c e r t a i n  amount of d i s t o r t i o n  in h. F igure 5 .3  i l l u s t r a t e s  t h i s  f o r  
data set  (A) .  Here,  f  has been s h i f t e d  by 25 samples to s t a r t  at  i t s  peak
the r e s u l t i n g  deconvolved h i s  d i s t o r t e d ,  wi th loss of the f i n e r  d e t a i l s ,  but
nonetheless bears a f a i r  resemblance to the t r ue  h. I t  i s  c e r t a i n l y  a b e t t e r  
approximat ion to h than the former unstab l e  o s c i l l a t o r y  s o l u t i o n .
For the r e a l  data of data set  ( C ) , a s t ab l e  s o l u t i on  was obta ined when f
was s h i f t e d  by two or more samples.  (A s h i f t  of seven samples corresponded to
s t a r t i n g  at  the impulse peak. )  C l e a r l y ,  one would expect  the deconvolved h to  
become i n c r e a s i n g l y  d i s t o r t e d  as the ex t ent  of the f - s h i f t  i nc r ease s .  The f o l ­
lowing t rends were observed as the s h i f t  increased from two to s ix  samples.
( 1 ) h became smoother and less no i sy ,  but t h i s  was accompanied by a loss of 
f i n e  d e t a i l .  This is  i l l u s t r a t e d  in Figure 5 . 4  where the c a l c u l a t e d  h ' s  
f o r  f - s h i f t s  of 2,  3 and 6 samples are compared. As the f - s h i f t
s
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Figur* 5,3 Comparison of (a) True Model h with (b) h Calculated by Time 
Domain Deconvolution, f  having Been Shi-fted by 25 Samples to Star t  at 
i t s  Peak. (The Resulting h has Been Shitted back by 25 Samples for Ease 
of Comparison.)
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Figur* 3.4 Comparison of h's for Real Data Calculated By Time Domain 
Deconvolution, f having Been Shifted by (a) 2 Samples (b) 3 Samples (c) 
6 Samples.
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i nc r ease s ,  the noise at  the s t a r t  i s  suppressed,  but the s a l i e n t  f ea t ur e s  
lose t h e i r  ampl i tude.
(2) g becomes p r o gr ess i ve l y  l ess accura t e .  Table 5.1 shows how the e r r o r  in g 
i ncreases .
TABLE 5.1
Dependence of Accuracy of g on ext ent  of f - s h i f t
f - s h i f t  (samples) RMS e r r o r  i n . g  ( x 10 * )
---------- - " 1 ....— ------------  --- “ £
Maximum er r o r  in g ( x l 0  )
2 0.526 6.71
3 0.729 7.71
6 1.290 1 2 . 2 0
When t h i s  f - s h i f t i n g  technique was appl i ed  to data set  ( D ) , i t  t r an s p i r e d
t h a t  smoothing the rea l  data caused the deconvolved h ' s  to be smoother  
t hroughout ,  but nec e s s a r i l y  e n t a i l e d  a f u r t h e r  loss of d e t a i l .  However,  the  
"best  approximat ion"  to the t r ue  h was chosen to be t h a t  obtained using data  
set  (D) wi th an f - s h i f t  of 2.  For a d d i t i o n a l  smoothness i t  was a lso subjected  
t o  t he  5 - p o i n t  smoothing procedure.  This r e s u l t  was used as a r e f e r e n c e  h f o r  
the remainder  of the deconvolut ion t e s t s .  Al though i t  was known to be d i s ­
t o r t e d ,  i t  acted as a useful  g u i d e l i n e ,  p a r t i c u l a r l y  f o r  the v i s u a l  i n sp ec t i on  
of a c a l c u l a t e d  h, in t ha t  one could see immediately where any gross d i s t o r ­
t i o n s  l a y .
C l e a r l y ,  the major disadvantage of  t ime domain deconvolut ion i s  i t s  i n s ­
t a b i l i t y  when i n i t i a l  values of f  are low. This renders i t  i m p r a c t i c a l  in most 
cases.  However,  wi th a s h i f t  of f  by a few samples,  a useful  f i r s t  approxima­
t i o n  to the deconvolved r e s u l t  can be obtained.
5.2.3. Frequency Domain Deconvolution
5.2.3.1. 8oftwtre
As expl a i ned in Sect ion 2 . 3 . 2 ,  f requency domain deconvolut ion i n vo l ves  
d i v i s i o n  of the Four i er  t ransforms of g and f .  For data se ts  (A) and (B) ,
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512- po i n t  FFT's were used. For data sets (C) and ( D ) , 2 048 - po i n t  FFT's were 
used. As each data set  a l r eady  tapered to zero ,  windowing bef ore  the FFT's was 
unnecessary.  Spect ra l  d i v i s i o n  was accompl ished by d i r e c t  d i v i s i o n  of complex 
numbers.
5.2.3.2. Retultft
For data set  (A) ,  Four i e r  t ransform d i v i s i o n  reproduces the t r u e  h almost
p e r f e c t l y ,  wi th n e g l i g i b l e  numerical  e r r o r .  The a d d i t i on  of noise r e s u l t s  in a 
n o t i c e a b l e  r i p p l e  superimposed throughout  the whole deconvolved h (see Figure  
5 . 5 ) .  The e r r o r s  in the corresponding spectrum occur mainly at  higher  f r equen­
c i es .  This i s  shown in F igure  5 . 6 ,  where the d i f f e r e n c e  between the spect r a  of 
the t r u e  and c a l c u l a t ed  h ' s  i s  p l o t t e d .  The e f f e c t s  of noise are g r e a t e r  at  
higher  f requenc i es  because t h a t  i s  where the s p e c t r a l  values of f and g are  
lower .  ( This  point  was mentioned in Sect ion 2 . 3 . 2 . 3 ) .  Thus,  j u s t  a smal l  
amount of noise in g -  b a r e l y  n o t i c e a b l e  v i s u a l l y  -  has been enough to a f f e c t  
the q u a l i t y  of the deconvolved r e s u l t  s e v e r e l y .
The e f f e c t s  of noise in the r ea l  data of data set  (C) are c l e a r l y  seen in 
Figure  5 . 7 ,  which compares the computed h wi th the r e f e r en ce  h descr ibed in 
Sect ion 5 . 2 . 2 .  The c a l c u l a t ed  h, al though i t  r e t a i n s  the e s s e n t i a l  f e a t u r e s  of  
the t ru e  h, has a high l e v e l  of superimposed no i se ,  and i s  non- causa l .  This  
can be expla ined by the corresponding spectrum (F i gure  5 . 8 )  which becomes 
unst abl e  at  high f requenc i es  inst ead of t a pe r i ng  smoothly to zero .  F i gur e  5 . 9  
shows the reason -  the spect ra  of f  and g both have low values at  high f r e ­
quencies.  When the above h i s  convolved wi th f ,  the r e s u l t i n g  g i s  i n a c c u r a t e ,  
p a r t i c u l a r l y  at  the s t a r t  (see Table 5 . 2  and Figure  5 . 1 2 ) .
Three at tempts have been made to overcome the problem of high f requency  
noise.
5.2.3.3. Spectral Windowing
In t h i s  method, the spectrum H(w) of h i s  windowed to remove the unst ab l e
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Figurt 5*9 Comparison of (a) True Model h wi th (b) h C a l c u l a t e d  by 
Frequency Domain Deconvolut ion of  Data Set  (B) ,  i e .  Model Data wi th 1‘/. 
Gaussian Noise Added to g.
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Figurv 5.6 D i f f e r e n c e  Between the Spect ra  Corresponding to F i g ur e  5 . 5 .
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Flgurff 5.7 Comparison of (a)  Best Approximat ion of True h of S t r a i g h t  
Trumpet wi th (b) h Computed by Frequency Domain Deconvolut ion.  Note 
noi s i ness  and n o n - c a u s a l i t y  of  (b ) .
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Figurv 5«8 Spectrum Corresponding to F igure  5 . 7 ( b ) .  Note I n s t a b i l i t y  at  
High Frequencies.
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Figurt 3*9 Spect ra  Corresponding to  F i gur e  5 . 2 ( a )  and (b)s f Dashed,  g 
Cont inuous.  Note t h a t  Both have Low Values at  High Frequencies .
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high -frequency reg i on .  T hepr ob l em of f i n d i n g  the optimum c u t - o f f  f requency is  
not s t r a i g h t f o r w a r d .  Noise a f f e c t s  the whole spectrum; there  is  not a w e l l -  
def ined f requency where the t r ue  h stops and the noise begins.  T her e f o r e ,  
windowing w i l l  remove high f requency i n f or mat i on  as wel l  as noise ,  so a loss 
of d e t a i l  in h w i l l  r e s u l t .  Several  d i f f e r e n t  c u t - o f f  f r equenc i es  were t r i e d .  
Spect ra l  windowing always led to an improved r e s u l t .  Gen e r a l l y ,  the lower the  
c u t - o f f ,  the g r e a t e r  the improvement in h. A r e c t a n g u l ar  window gave b e t t e r  
r e s u l t s  than a t a pe r i ng  window. Figure 5 .10  compares the r e s u l t s  of r ec t an gu­
l a r  s p ec t r a l  windows wi th c u t - o f f s  at  samples 500 and 256.  (The maximum f r e ­
quency corresponds to sample 1024. )  The l a t t e r  i s  seen to be l ess noisy  
throughout  and l ess  nan-causal ;  but at  the same t i me,  some high f requency  
i n f o rmat i on  has been l o s t  as evidenced by the loss in ampl i tude of the s a l i e n t  
spikes.  A f t e r  convol ut i on  wi th f ,  the h ' s  wi th a lower c u t - o f f  a lso produced 
more accurat e  g ' s ,  as shown in Table 5 . 2 ,  and by v i sua l  i nspec t i on  of p l o t s .
TABLE 5 . 2
Dependence of Accuracy of g on s i z e  of s p ec t r a l  window on h
Spect ra l  Window Cut - Of f  
Sample
RMS e r r o r  in g 
( x l 0 )
Maximum e r r o r  in g
No s p e c t r a l  window 1.600 . 2 1 0
653 1.203 .162
525 1.040 . 140
500 1 . 0 1 2 . 136
256 0.698 .088
These g ' s  are s t i l l  i na c c u r a t e ,  desp i te  the improvement.
5 .2 .3 .4 .  Input Dat« Shif t
The second method of dea l i ng  wi th the problem of high f requency noise  i s  
to s h i f t  the input  da t a ,  f .  This i s  the same method as was suggested in Sec­
t i o n  5 . 2 . 2 . 2  f o r  t ime domain deconvolut ion.  Here,  when the impulse w i t h i n  f i s  
s t a r t ed  j u s t  a f t e r  the f o o t ,  i t  becomes narrower  and high f r e q u e n c i e s  are  
a r t i f i c i a l l y  i n t roduced.  Thus, values at  high f r equenc i es  w i l l  i n c r ea s e ,  and
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Figurt 5 « 10 Resul ts  of Applying Rectangular  Windows t o Spectrum of 
F i gur e  5 . 8 .  (a) Cut - Of f  at  Sample 500,  (b) Cu t - Of f  at  Sample 256.
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so noise w i l l  have l ess e f f e c t .  This i s  i l l u s t r a t e d  in Figure 5 . 1 1 ,  which 
shows in d e t a i l  the high f requency region of the spect ra  corresponding to  
var ious s h i f t s  of f .  For no s h i f t  or a s h i f t  of only one sample,  high f r e ­
quency va lues are low.  For a s h i f t  of two samples,  high f requency values have 
increased.  This r e s u l t s  in a causal  h wi th a much lower l e v e l  of superimposed 
noise.  The g c a l c u l a t e d  by convolut ion wi th f bears a c l oser  resemblance to  
the t r u e  g, as i s  shown when the f o l l ow i n g  r e s u l t  i s  compared wi th those in 
Table 5 . 2 .
RMS e r r o r  in g = 5.66x10 ^
Max e r r o r  in g = 6.70x10
Figure  5 . 12  compares the above g wi th the t r u e  g and a g obtained through
spe c t r a l  windowing (F igure  5 . 1 0 ( b ) ) .
5.2.3.5. Smoothing
Using the smoothed data of data set  (D) r e s u l t e d  in a reduct i on  in the
n o n - c a u s a l i t y  and superimposed noise l e v e l  in the c a l c u l a t ed  h, but the  
r e s u l t i n g  g was only improved mar g i n a l l y .
5.2.3.6. Di«cu«fion
Deconvolut ion by Four ier  t ransform d i v i s i o n  has been seen to work p e r ­
f e c t l y  wi th no i se l ess  model data c o n s t i t u t i n g  a wel l -behaved a n a l y t i c  f unc ­
t i o n .  I t  i s ,  however,  suscept i b l e  to noise.  Noise in t roduces  a random f l u c ­
t u a t i o n  so t h a t  the funct i on  i s  no longer  a n a l y t i c  (Cooper,  1977) ,  and thus  
deconvolut ion produces a non-causal  and h i gh l y  noisy r e s u l t .  Sometimes,  the
r e s u l t i n g  noise l e v e l  was so high t ha t  the s a l i e n t  f e a t u r e s  of the deconvolved  
r e s u l t  were complet e ly  obscured.  Smoothing of data has been found to reduce 
the n o n - c a u s a l i t y  and noise l e v e l .  Windowing of the h-spect rum produces  
f u r t h e r  improvement,  but the g r ea t es t  improvement i s  observed when the input  
data is  s h i f t e d  by two samples so t ha t  i t s  high f requency components are  
increased.  Here,  c a u s a l i t y  i s  r e s t o r e d .  The improvement i s  unques t i onab l e ,
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Fiflur* 5.11 Expanded Upper Frequency Region o-f { -Spect rum of F i gur e  5 . 9 ,  
S h i f t ed  by 0 (Cont inuous) ,  1 (Dashed) and 2 (Dot ted)  Samples.
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Figure 5.12 Comparison of (a)  True g of S t r a i g h t  Trumpet wi t h  g ' s  
Obtained by Convolut ion of f wi th the Fol lowing Frequency Domain 
Deconvolved h ' s :  (b) h S p e c t r a l l y  Windowed A f t e r  Frequency Domain
Deconvol ut i on ,  and <c ) h Obtained when f  was S h i f t e d  by 2 Samples 
Beforehand.
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al though the r e s u l t  i s  known to be d i s t o r t e d .  The r e s u l t  obtained using t h i s  
l a t t e r  method is  very c lose n u mer i ca l l y  to tha t  obtained when using t ime  
domain deconvolut ion on the same s h i f t e d  data.  This is  because the two methods
are car ry i ng  out the same - funct ion,  t ha t  is i n v e r t i n g  the impulse response,
but d i f f e r e n t  a l g e b r a i c  t echniques are used.
In Sect ion 5 . 3 ,  a f u r t h e r  at tempt  to overcome the problem of high f r e ­
quency noise i s  made -  using the Gerchberg a l gor i t hm.
5.2.4. Conitralnid Itarativa Deconvolution
5.2.4.1. Method end Software
This method of deconvolut ion was int roduced in Sect ion 2 . 3 . 3 .  Fur t her  
d e t a i l  of t h i s  p a r t i c u l a r  method w i l l  now be given.
D i s c r e t e  convolut ion of f and h to give g may be expressed by the f o l l o w ­
ing mat r ix  equat ion.
9 0
f 0
h
0
* 0
( hn S 0
• = • • ( 5 . 2 )
■
V i f 0 hN-M
9 N-1V )
v
As the f i r s t  few terms of g and f  may be dominated by noi se ,  these can be 
d i s r egar ded ,  l eading to the f o l l o w i n g  r e s t r i c t e d  set  of equat ions
[  p+N-MJ
M-l
or
f,
M- l  f
N-M 
k J
( 5 . 3 )
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where f i s  the peak value of the i nput  pulse.  I t e r a t i v e  deconvolut ion is  
f a c i l i t a t e d  in the f o l l o w i n g  way. Let
g = (»*I + F -  Ml ) h ( 5 . 4 )
where m i s  a constant  and I i s  the I d e n t i t y  M a t r i x .  Then
h = Cn(I  + < 1 / M ) F - I ) 3 ~ 1g_ ( 5 . 5 )
= 1/m£I + (1/m) (F -  Ml) ] _ 1 g_
By apply ing the Taylor  expansion f ormul a ,  the k th and ( k + l ) t h  es t i mat es  of h_ 
can be w r i t t e n  as f o l l o ws .
k k
h = 1/ mCI ~ ( 1 / m) ( F - m I )  +   + ( - 1 / M )  ( F - mI )  ]g ( 5 . 6a )
“ (k) ^
k+1
h = 1/ mCI -  ( 1 / M) CF- mI )  + ------  + ( - 1 / M )  3g ( 5 . 6b)
“ ( k+ 1 ) “■
By simple rear rangement ,  can be expressed in terms of in the  f o l ­
lowing way.
h-(k+n “ h-(k. -■*«„,> <5-71
For convergence,  the modulus of a l l  e igenvalues of the mat r i x  ( F—mI ) must be 
l ess than 1 , i e .
(5.8a)
M
where X i s  an e i genvalue  of  mat r ix  F,  i e .
M > X/2 > 0 or m < X/2 < 0.  ( 5 . 8b )
This means t h a t  f o r  convergence,  a l l  e igenvalues of F must have the same s i gn .  
C l e a r l y  t hen,  t he r e  are c e r t a i n  input  s i gn a l s  f o r  which convergence w i l l  not  
be obt a i ned .  Values of m must a lso be c a r e f u l l y  chosen to s a t i s f y  the above 
c r i t e r i a .
The sof tware f low char t  i s  given in F igure  5 . 1 3 .  I t  can be seen t h a t  h i s  
always const ra ined to have 1 elements.  A p r i n t o u t  of the main p a r t s  of the  
programme "DEC0NVIT2" appears in Appendix B.
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Figuri 5.13 
Flow Chart of Conatralntd Itaritivt Daconvolution Programmt ("DEC0NVIT2M)
Form h . _ ,  from g, i e .  s h i f t  g so t h a t  i t s  o r i g i n  is  at  i t s  peak va l ue ,  
( 0 )
and i t s  dura t i on  i s  1 elements.  M u l t i p l y  a l l  g - va l ues  by ( 1 / n ) .
onvergence?
es
Choose p..
Ca l c u l a t e  h
- ( k + 1 )
S h i f t  t h i s  d i f f e r e n c e  so t ha t  i t s  o r i g i n  l i e s  at  the po s i t i o n  of 
f ( the peak value of f ) ,  and i t s  durat ion i s  1 e lements.
Ca l cu l a t e  the d i f f e r e n c e  ( j  -  f # . h , . . )•
Convolve the whole of f wi th h . . , :
~ ( k )
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Various values of n were t r i e d  f o r  each f .  For each f there  i s  one value  
of ft which gives the optimum compromise between r a t e  of convergence and accu­
racy.  Here,  f was a p o s i t i v e - g o i n g  pulse,  so values of X were p o s i t i v e .  There­
f ore  ft > X/2 > 0 app l i ed .  When 1/ft was too smal l ,  the r a t e  of convergence was 
ext remely  slow.  When 1/y was too l a r g e ,  ,the ft > X/2 c r i t e r i o n  was not s a t i s ­
f i e d ,  so the procedure did not converge -  i t  d i verged.
5 .2 .4 .2 .  R t i u l t *  and Discuision
For data set  (A) ,  the procedure converged to the cor r e c t  r e s u l t .  Here the  
optimum value of ft was 56 .82 .
For the noisy data of data set  ( B ) , the r e s u l t  was s t i l l  converging a f t e r  
308 i t e r a t i o n s .  The c a l c u l a t ed  h had a n o t i c e a b l e  r i p p l e  superimposed.  This  
r i p p l e  was about the same s i z e  as the corresponding r i p p l e  in the f requency  
domain deconvolut ion r e s u l t  of Sect ion 5 . 2 . 3 . 2 ,  but stopped a f t e r  1=440 e l e ­
ments because of the appl i ed  c o n s t r a i n t .  The s i ze  of the r i p p l e  did not change 
as the number of i t e r a t i o n s  increased.
For the r e a l  data of data set  ( C ) , f was such t ha t  p e r f e c t  convergence  
could not be obta ined.  This was probably because the f had a l ess  steep decay 
than the model led f of data set  (A) .
The e f f e c t  of t h i s  deconvolut ion method was t es t ed  nonet he l ess .  Data set  
(D) was used. The optimum value of y was found to be 9 . 09 .  A f t e r  the f i r s t  few 
i t e r a t i o n s ,  h appeared to have developed some e x t r a  r i p p l e s  around po i n t s  
corresponding to the s a l i e n t  f e a t ur e s  of the curve.  As the number of i t e r a ­
t io ns  increased,  the ampl i tude of these r i p p l e s  became l a r g e r ,  suggest ing a 
d i ve r g i ng  r e s u l t  -  see Figure  5 . 1 4 .  However,  the corresponding g ' s ,  obta ined  
by convol ut i on  wi th f ,  became c l oser  numer i ca l l y  and v i s u a l l y  to the t r u e  g,  
apar t  from a smal l  r i p p l e  at  a few p o s i t i o n s  which increased s l i g h t l y  in 
ampl i tude.  The g ' s  obtained in t h i s  way were f a r  c l oser  to the t r u e  g than 
those obtained from the t ime or f requency domain deconvolut ions (Sect ions  
5 . 2 . 2  and 5 . 2 . 3 . 4 ) .  Here,  a f t e r  50 i t e r a t i o n s ,
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Figurt 5.14 Comparison o-f (a) Best Approximat ion of True h of S t r a i g h t  
Trumpet wi th Resul ts  of Const rained I t e r a t i v e  Deconvolut ion (b) A f t e r  10 
I t e r a t i o n s ,  (c) A f t e r  50 I t e r a t i o n s .
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- 3RMS e r r o r  in g = 3 .05x10 0 
Max e r r o r  in g = 7.17x10 * .
5 .2 .5 .  F in t l  A t t t t tnent  of Deconvolution Method*
The s t r engt hs  and weaknesses o-f the deconvolut ion methods studied can now 
be assessed.
Time domain deconvolut ion in i t s  'most  s t r a i g h t f o r w a r d  form i s  i l l -  
condi t i oned when i n i t i a l  values of f are low.  The problem can be overcome p a r ­
t i a l l y  by s h i f t i n g  f s l i g h t l y  to increase  i t s  i n i t i a l  va lues,  but d i s t o r t i o n  
in h a u t o m a t i c a l l y  r e s u l t s .
Frequency domain deconvolut ion i s  f a s t ,  but i s  s ever e l y  a f f e c t e d  by noise  
when high f requency spect ra l  values are low. By s h i f t i n g  f ,  high f requency  
values are a r t i f i c i a l l y  increased;  the problems of i n s t a b i l i t y  are decreased,  
but d i s t o r t i o n  i s  int roduced in the process.
The const ra i ned i t e r a t i v e  method s u f f e r s  from two major d isadvant ages .  
F i r s t ,  i t  i s  ext remely  slow on l a r ge  data se t s .  Secondly,  t her e  are some i nput  
dat a ,  f ,  f o r  which convergence cannot be obta ined.  The measured data f i t t e d  
i n t o  t h i s  ca tegory .
A l l  deconvolut ion methods are su s c e p t i b l e  to noise .  Cepst ra l  deconvolu­
t i o n ,  expla ined in Sect ion 2 . 3 . 4 . 1 ,  would have been a f f e c t e d  by high f requency  
s p e c t r a l  noise in a s i m i l a r  way to f requency domain deconvol ut i on .  In a d d i ­
t i o n ,  t he r e  would have been the problem of phase unwrapping which p o t e n t i a l l y  
could cause f u r t h e r  er r or s  (Brttel and K j a e r ,  1981) .  For these reasons,  a 
d e t a i l e d  i n v e s t i g a t i o n  of ceps t r a l  deconvolut ion was not pursued.
In Sect ion 2 . 3 . 1 ,  another form of t ime domain deconvolut ion was mentioned 
which i nvolved SVD and r e g u l a r i s a t i o n  (Sondhi and Resnick,  1983) .  This method 
may produce b e t t e r  r e s u l t s  for  r ea l  data than those i n v e s t i g a t e d  in t h i s  work,  
but t ime has not permi t ted a proper study of i t .  Fur t her  i n v e s t i g a t i o n  of i t  
i s  recommended.
Consider ing the d i s r u p t i v e  e f f e c t s  of noise on deconvo l u t i on ,  i t  could be 
argued t ha t  mare e f f o r t  should have been made to reduce the exper i ment a l  noise
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whi l s t  measurements were being made. A g r e a t e r  number of averages could 
achieve t h i s .  Normal ly 50 averages were used.  Be t t e r  r e s u l t s  may be achieved  
with 1 0 0 0  averages,  but one would have to ensure t hat  ambient condi t i ons  
remained the same throughout  the extended measuring t ime.  The minimum poss i b l e  
t ime requ i r ed  f or  1 0 0 0  averages i s  about twenty minutes;  t h i s  would be f a r  too 
long f o r  an inst rument  being measured in the f a c t o r y ,  but measurement t ime is 
not as impor tant  in a research c ont ex t .
A spark source is  a p a r t i c u l a r l y  noisy source -  in t h i s  respec t ,  an 
a l t e r n a t i v e  source such as a loudspeaker  may have been p r e f e r a b l e .  Exper ience  
has shown t h a t  lengthening the source tube reduces the amount of high f r e ­
quency noise -  possibly  a longer  source tube would have led to improved 
r e s u l t s ,  but i n e v i t a b l y  more high f requency d e t a i l  would be l o s t .
Exper imental  noise can never be removed complet e ly .  The r e s u l t s  of f r e ­
quency domain and const ra ined i t e r a t i v e  deconvolut ion on data set  (B) (Sec­
t i o ns  5 . 2 . 3 . 2  and 5 . 2 . 4 . 2 1  show t h a t  the sma l l e s t  amount of noise r e s u l t s  in a 
much l a r g e r  noise l eve l  in the deconvolved r e s u l t .  There f ore  one expects t ha t  
the r e f l e c t a n c e  c a l cu l a t e d  from non- i dea l  data by some method of deconvolut ion  
w i l l  never  be complete ly  c o r r ec t .
Smoothing of rea l  data serves to reduce the e f f e c t s  of noise ,  but not  
remove them complete ly .  At the same t ime i t  r e s u l t s  in loss of d e t a i l .  In t h i s  
respect  i t  behaves s i m i l a r l y  to r e g u l a r i s a t i o n  in which the optimum compromise 
between s t a b i l i t y  and p r ec i s i on  must be found.
Recent work at  the U n i v e r s i t y  of Surrey by Watson (1986,  unpubl ished)  
shows t h a t  f requency domain deconvolut ion can  produce reasonable  r e s u l t s  on 
measured brass inst rument  data when the bandwidth i s  narrow.  He used a 
loudspeaker  source;  the bandwidth was j u s t  5 kHz and the s ignal  was averaged
t hree  t imes.  A possib le  exp l anat i on  f o r  h i s  success i s  t h a t  most of the noise
l ay  out s i de  his  5 kHz bandwidth and was t h e r e f o r e  not present .  In the i n v e s t i ­
gat i ons  in t h i s  work,  the bandwidth was much l a r g e r  at  23 kHz.
To date ,  the "best  approximat ion"  of the r e f l e c t a n c e  of the s t r a i g h t  
t rumpet  used f o r  data set  (C) has been obtained wi th e i t h e r  t ime or f requency  
domain deconvolut ion,  f having been s h i f t e d  (Sect ion 5 . 2 . 2 ) .  This r e s u l t  is  
known to contain d i s t o r t i o n ;  however,  the f requency domain deconvolut ion  
r e s u l t  using the n o n - s h i f t e d  f conta ins  worse d i s t o r t i o n  because of the super ­
imposed noise and n o n - ca u s a l i t y .
An accurate  es t i mat e  of r e f l e c t a n c e  was r equ i red  as input  to the bore 
r ec o n s t r u c t i o n  a l gor i t hm of Sect ion 5 . 4 .  As t h i s  was not a v a i l a b l e ,  the bore 
r ec o n s t r u c t i o n  a l gor i t hm has not been used su c c e s s f u l l y  wi th r ea l  data ye t .
5.3. Tht 6«rchbtrg Algorithm
The d i s c r e t e  Gerchberg a l g o r i t h m,  as descr ibed in Sect ions 2 . 3 . 5 . 1  and
2 . 3 . 5 . 3 .  has been w r i t t e n  in double p r e c i s i on .  In p r i n c i p l e ,  i t  should be pos­
s i b l e  to use i t  to r e s t or e  the d i s t o r t e d  high f requency sec t i on  of the decon­
volved spectrum.
The a l gor i t hm was tes t ed on the f o l l o w i n g  data:
(1) Noi se l ess  model data:  the r e f l e c t a n c e  of data set  (A) (Sect ion 5 . 2 . 1 )  
synthesised by the method given in Sect ion 5 . 4 . 1 . 2 .
(2) As (1) above,  but wi th vary ing amounts of Gaussian noise added.
(3) Deconvolved r e a l  data:  the r e s u l t  of f requency domain deconvolut ion (no 
f - s h i f t )  given in Sect ion 5 . 2 . 3 . 2 ,  and i l l u s t r a t e d  in F igures  5 . 7  and 
5 . 8 .
For (1) and ( 2 ) ,  N=512.  For ( 3 ) ,  N=2048. In each case,  values of q and k t *3
were v a r i e d ,  but so t h a t  the c o n s t r a i n t  q + 2k + 1 N was s a t i s f i e d .
The accuracy of the r e s u l t s  was judged using rms e r r o r ,  maximum e r r o r  and 
v i sua l  i nspect i on  of p l o t s ,  as f o r  the e a r l i e r  deconvolut ion i n v e s t i g a t i o n s .
[ *3  q and ( 2 k+l )  are the s i zes  of the unknown por t i ons  of the t ime  
sequence ( f ^ )  and the spectrum ( F j )  r e s p e c t i v e l y  -  see Sect ion
2 . 3 . 5 . 3 .  fg and f^ are forced to zero;  F^ and F^ are forced to  
t h e i r  known va lues.
5.3.1. Rtfultf for Noi««l«f« Model Data
For the n o i se l ess  model da t a ,  the Gerchberg a l gor i t hm produced a h i gh l y  
smoothed vers i on  of the t rue  upper -frequency end of the spectrum.  I t  fo l lowed  
the general  p e r i od i c  s t r u c t u r e  of the t r u e  spectrum,  but the d e t a i l e d  s t r u c ­
t ure  was not reproduced.  In the t ime domain, a r i p p l e  was superimposed 
throughout  the region which was not const ra ined to be zero.  This is  because 
of the o r i g i n a l  t r u n c a t i o n  of the spectrum which induces convolut ion wi th a 
sine f un c t i on  in the t ime domain. The magni tude of the r i p p l e  decreases wi th  
i nc reas i ng  number of i t e r a t i o n s ;  but so f a r  i t  has not been removed com­
p l e t e l y .
The a c c e l e r a t i o n  procedure of Jones (1986)  always improved the r e s u l t  f o r  
noi se l ess  dat a .  The numerical  improvement can be seen in Table 5 . 3 ,  which 
gives the f requency and t ime domain rms and maximum e r r o r s  f o r  f our  d i f f e r e n t  
combinat ions of q and k va l ues .  Here,  the a c c e l e r a t i o n  procedure was appl i ed  
a f t e r  f i v e  normal Gerchberg i t e r a t i o n s .
TABLE 5 . 3
E f f e c t  of Jones Acce l e r a t i on  Procedure A f t e r  5 Normal Gerchberg I t e r a t i o n s
Frequency 
domai n 
rms 
erroc  
( x l 0  )
Frequency 
domai n 
max i mum 
e r r o r
Ti me 
domai n 
rms 
er roc  
<x!0 )
Time 
domai n 
maximum 
er roc  
( x l 0  )
1. q=261, k = 35
A f t e r  5 normal Gerchberg i t e r a t i o n s 3 . 24 . 193 .202 1.30
A f t e r  subsequent a c c e l e ra t i o n 2 . 85 .201 . 178 1.20
2.  q=250, k=80
A f t e r  5 normal Gerchberg i t e r a t i o n s 5 . 42 .250 .338 3 . 07
A f t e r  subsequent a c c e l e r a t i on 4 . 93 .224 .307 3. 08
3.  qs2 4 0 , k = 127
Af t e r  5 normal Gerchberg i t e r a t i o n s 7.51 .290 .469 4.78
A f t e r  subsequent a c c e l e r a t i o n 6 . 70 .236 .412 4.79
4. q = 190,  k = 35
A f t e r  5 normal Gerchberg i t e r a t i o n s 3.24 . 192 .203 1.30
A f t e r  subsequent a c c e l e r a t i o n 2 . 92 .204 . 178 1.11
Graphical  r epr e s e n t a t i on s  of r e s u l t s  showed t h a t  a f t e r  the a c c e l e r a t i o n
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procedure,  the upper region of spectrum became less smooth and more l i k e  the  
t rue  jagged spectrum.  This i s  i l l u s t r a t e d  in Figure 5 .15 f or  the t h i r d  case.  
The improvement int roduced by the a c c e l e r a t i o n  procedure is  obvious,  but the  
Gerchberg a l gor i t hm has not succeeded in r e s t o r i n g  the upper f requency data  
p e r f e c t l y .  The corresponding t ime domain p l o t s  are shown in Figure 5 . 1 6 .
5.3.2. Rctultt for Model Data with Added Noi«e
The same smoothed upper end of spectrum was obtained as wi th the no i se ­
l ess case.  This smoothed spectrum was f u r t h e r  from the t r ue  n o i se l ess  spectrum 
than the i n i t i a l  noisy spectrum.  Theref ore  the Gerchberg a l g o r i t h m,  i ns t ead  of 
helping to overcome the problem of high f requency no i se ,  made the r e s u l t  
worse.
The performance of Jones'  a c c e l e r a t i o n  technique in the presence of noise  
v a r i e d ,  depending on the amount of noise and the q and k values.  Far q=240 and 
k = 127,  the technique produced an improvement f o r  IX,  5 ’/. and 77. noise;  but  f o r  
107. noise the technique produced a h i gh l y  unstable  r e s u l t .  (Noise percentages  
here are as def ined in Sect ion 5 . 2 . 1 ) .
For q=190 and k=35,  the a c c e l e r a t i o n  technique produced a worse r e s u l t  
with only 17. noise.  Thus, i t  i s  c l ea r  t h a t  the performance of the a c c e l e r a t i o n  
procedure i s  sus c e p t i b l e  to noise.
5.3.3. Reiulti for Deconvolved Reel Date
For these data the Gerchberg a l gor i t hm diverged and the a c c e l e r a t i o n  
technique produced h i gh l y  unstable  r e s u l t s .  The divergence i s  demonst rated in
F igures 5 . 17  and 5 . 1 8 .  These compare the r e s u l t s  a f t e r  one i t e r a t i o n  and a f t e r  
f i f t y  i t e r a t i o n s  in the t ime and f requency domains r e s p e c t i v e l y ,  using q=1303 
and k=372.  I n t e r e s t i n g l y ,  the g obtained by convol u t i on  of f wi th the r e s u l t  
became c loser  to the t r u e  g as the number of i t e r a t i o n s  i ncreased!
Despi te  the o v e r a l l  divergence of the a l g o r i t h m,  the r e s u l t  a f t e r  the  
f i r s t  i t e r a t i o n  was an improvement on the o r i g i n a l  deconvolved r e s u l t  f o r  a l l
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Figur* 5 . IS Resul ts  of Ap p l i c a t i o n  of Gerchberg Al gor i t hm to No i se l ess  
Model Data wi th q=240,  . k=127.  Comparison of the O r i g i n a l  Data 
( Cont inuous) ,  Resul t  A f t e r  5 Gerchberg I t e r a t i o n s  (Dashed) and Improved 
Resul t  A f t e r  Jones'  A c c e l e r a t i on  Procedure ( Do t t e d ) .
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F ig u r»  3 .1 6  Inverse  F our i e r  Transforms Corresponding to F igure  5 . 1 5 .  (a)  
O r i g i n a l  Data ,  (b) Resul t  A f t e r  5 Berchberg I t e r a t i o n s ,  (c) Resul t  A f t e r  
Jones'  A c c e l e r a t i o n  Procedure.
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Figur* 3.17 Demonstrat ion o-f How Gerchberg Algor i thm Diverges when 
Appl ied to Real Deconvolved Data wi th q=1303,  k=372.  (a)  A-fter 1
I t e r a t i o n ,  (b) A-fter 50 I t e r a t i o n s .  (NOTE: Compare wi th F igure  5 . 7 . )
lV3d
a? in
AyvNiavwi
Figurt 5*18 Spectra Corresponding to F igure 5 . 1 7 .  A f t e r  1 I t e r a t i o n
(Cont inuous)  and Af t e r  50 I t e r a t i o n s  ( D o t t e d ) .  (NOTE: Compare wi th  
Fi gure  5 . 8 ,  the Spectrum before  A p p l i c a t i on  of Gerchberg A l g o r i t h m . )
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the combinat ions of q and k t ha t  were t r i e d .  The improvement was grea t e r  the 
higher  the value of k.
E a r l i e r ,  in Sect ion 5 . 2 . 3 ,  other  methods of improving the f requency  
domain deconvolut ion r e s u l t  were t r i e d ,  namely s p ec t r a l  windowing,  input  data  
s h i f t  and smoothing.  One i t e r a t i o n  of the Gerchberg a l gor i t hm is almost  the 
same as s p e c t r a l  windowing, e x c e p t ' t h a t  i t  inc ludes the ex t r a  step of t i me -  
l i m i t i n g  which removes the n o n - c a u s a l i t y ,  thus producing a b e t t e r  r e s u l t .  The 
s i ng l e  Gerchberg i t e r a t i o n  r e s u l t  i s  super i o r  to the r e s u l t  a f t e r  smoothing,
but not as good as the r e s u l t  a f t e r  the input  data s h i f t  of two samples (Sec­
t i on  5 . 2 . 3 . 4 ) .
5 .3 .4 .  Ditcustion
Papoul i s  (1975)  showed t h a t ,  f o r  cont inuous t ime s i g n a l s ,  the Gerchberg 
a l gor i t hm converges to the t r u e  s o l u t i o n  in the absence of noise.  This has 
also been shown to be t rue  f o r  d i s c r e t e  t ime s i g na l s  (Jain and Ranganath,  
1981; Jones,  1986) .  The r e s u l t s  f o r  no i se l ess  d i s c r e t e  t ime data (Sect ion
5 . 3 . 1 )  do not at  f i r s t  s ight  appear t o  support  these f i n d i n g s .  A poss i b l e
exp l ana t i on  may be deduced from Jones ( 19 8 6 ) ,  namely a slow r a t e  of conver ­
gence.  The r a t e  of convergence i s  determined by the l a r g e s t  e i genva l ues  of the  
matr ix 1/N n ftj" (def ined in Sect ion 2 . 3 . 5 . 3 ) .  A l i b r a r y  programme has been 
use to c a l c u l a t e  these e i genvalues ,  and r ev e a l s  many e i genvalues c lose t o  1;
thus,  the number of i t e r a t i o n s  r equ i r ed  to obtain convergence may be computa­
t i o n a l l y  u n f e a s i b l e .  Although the r e s u l t  of Sect ion 5 . 3 . 1  appeared t o  be 
changing l i t t l e  a f t e r  about f i f t y  i t e r a t i o n s ,  i t  may wel l  be t h a t  a f t e r  
severa l  hundred more i t e r a t i o n s ,  i t s  char ac t e r  would have s i g n i f i c a n t l y
changed.  The r e s u l t s  of Jones'  a c c e l e r a t i o n  technique would add support  to
t h i s  suggest ion.  Jones (1986) s t a t e s  t h a t  his technique w i l l  g i ve  a good
approximat ion to the cor rect  r e s u l t  i f  t he r e  are only  a few e igenva l ues  c lose  
to 1. I n d i c a t i o n s  are t ha t  there  were more than a few,  and t h i s  could e x p l a i n  
why the a c c e l e r a t i o n  technique,  al though i t  improved the r e s u l t  c o n s i d e r a b l y ,
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did not produce a p e r f e c t  r e s u l t .
The performance of the Gerchberg a l gor i t hm in the presence of noise w i l l  
now be considered.  Gerchberg (1974) recognised from the s t a r t  t h a t  h i s  a l g o ­
r i thm became unst abl e  in the presence of noise and could d i verge .  No d i v e r ­
gence was observed in the r e s u l t s  of Sect ion 5 . 3 . 2 .  This could have been 
because the l e v e l s  of added noise were r e l a t i v e l y  low,  so t ha t  divergence did 
not begin u n t i l  many i t e r a t i o n s  l a t e r .  For h igher  noise l e v e l s ,  divergence was 
observed to occur dur ing the f i r s t  t h i r t y  i t e r a t i o n s .  For the r ea l  data of 
Sect ion 5 . 3 . 3 ,  divergence occurred a f t e r  j u s t  one i t e r a t i o n .
Abbiss et  al  (1983a,  1983b) have developed a r e g u l a r i s e d  form of the Ger­
chberg a l gor i t hm in an at tempt  to s t a b i l i s e  i t  in the presence of noi se .  The 
POCS a l g o r i t h m,  descr ibed in Sect ion 2 . 3 . 5 . 2 ,  would be another  a l t e r n a t i v e  to 
the unr egu l a r i sed  Gerchberg a l gor i t hm.
Al though the Gerchberg procedure has not succeeded in r e s t o r i n g  the high 
f requency i n f o r mat i on  of the deconvolved r e f l e c t a n c e  c o r r e c t l y ,  i t  has
improved the accuracy of the r e s u l t  s l i g h t l y .  I t  may wel l  be t h a t  a d i f f e r e n t  
r e s t o r a t i o n  a l g or i t h m would produce an even b e t t e r  r e s u l t .  Fur t he r  i n v e s t i g a ­
t i o n  of t h i s  would appear to be wor thwhi l e .
5.4.  Bort Reconstruction
5 .4 .1 .  Theory
Var ious techniques for  r e cons t r uc t i on  of c r o s s - se c t i o n a l  area from t r a n ­
s i en t  response were discussed in Sect ion 2 . 4 .  A new method proposed by Jones 
(Jones,  1983; D u f f i e l d  and Jones,  1985) ,  whereby bore shape may be recovered  
from the r e f l e c t a n c e ,  w i l l  now be descr ibed.  The bore i s  model led as n 
c y l i n d r i c a l  e l ements,  each of length A, propagat ing plane waves. Damping is  
assumed to be independent  of f requency.
The theory  i s  based on z - t r ans f or m r e l a t i o n s h i p s .  S i m i l a r  t echni ques  have 
a l r eady  been used in other  f i e l d s ,  f or  i ns t ance ,  l a t t i c e  f i l t e r s  (Rao and
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K a i l a t h ,  i 9 84 ) ,  and geophysics (Robinson and Dur r an i ,  1986,  Sect ion B . 3 ) .  The 
method w i l l  now be expla ined in some d e t a i l ,  and i t  w i l l  be seen t ha t  i t  can 
also be used to p r e d i c t  the r e f l e c t a n c e  of a given bore shape.
5 .4 .1 .1 .  Eetence of the Method
The steps involved in ob t a i n i ng  a r a t i o n a l  - function r e p r e s e n t a t i o n  o-f the  
t r a n s i e n t  response w i l l  now be exp l a i ned .
(1) Obtiin expreeiioni  for th t  forward and backward waves in the k th element 
along the tube
At each element  k, t here  are  two i n c i d e n t  waves -  one forward f ^ t t )  andk
B Fone backward -f^( t ) -  and two outgoing waves -  one forward g ( t > and one back-
B
ward g ^ ( t ) .  This i s  i l l u s t r a t e d  in F igure  5 . 19 .
Figure 5.19 
Schematic Repreientation of the Reflection and Damping of Forward 
and Backward Travail ing Ntvei in the Region < * < <k + i ) a,
X = kA
( t )k + 1
Re f l ec t i on
C o e f f i c i e n t
( t )k+1
Damping = dk+1
k + 1
For a r e f l e c t i o n  c o e f f i c i e n t  of r .  , the r e f l e c t i o n  r e l a t i o n s  between the fourk
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waves are summed up in the - fol lowing matr ix  equat ion.
. \r,9k ( t l
gk ( t )
k
(1 + r,  )k
(1 -  r, )
k f^ ( t )k
■f, ( t ) k
A damping - factor of d j gives r i s e  to f u r t h e r  r e l a t i o n s .
C i , u  ■ dk+1 gk (t  - i / v )
f k ( t )  ■ dk+ i gk+ i ( t  -  i / v l  
where v i s  v e l o c i t y ,  and A/v i s  sampl ing i n t e r v a l .
This model i s  the same as t h a t  of Descout et  al  (1976)
2 . 4 . 3 ) .
( 5 . 9 )
( 5 . 10a)
( 5 . 10b)
Isee Sect ion
(2) Ut« th t  2 - t r a n t f o m  to obttin t  recurrence r e l t t io n  for H, (2 ) ,  the 2 -
k
trtneform of the reflectence
I f  f B( t )  = 0 and f ^ ( t )  = 0 f o r  t  < 0, then n 0 ’
f B,BCm] = g ^ ’ BCm] = 0 f o r  m < k , ( 5 . 11 )
where f (mA/v)  i s  denoted by fCm].  The r e f o r e ,  the z - t r an s f o r ms  are given by
_F,B.  , _ ~in ,F«B_
F, ' ( 2 ) = E z f , ’ Cm] 
k . km=k
( 5 . 12a)
_ F , B . . _ -m F , B_
G ’ (z)  = E z g ’ Cm!
K . Km=k
( 5 . 12b)
The z - t r ans f o r m of the r e f l e c t a n c e  of  the par t  of the system in the region  
x > kA i s  given by
H. (z)  = GB(z)  /  F ^ ( 2 ) k k k ( 5 . 13 )
H_(z)  corresponds to the z - t r ans f o r m of the r e f l e c t a n c e  of the whole system 
measured at  the i n pu t .
Equat ions ( 5 . 9 )  and ( 5 .10)  when combined and r e w r i t t e n  in terms of z -  
t ransforms give Cm3 —
( R 1 
G7(z)  
k ' r k ( 1 - r k r k
z d ' ‘ , f T , ( z ) k+1 k+1
11
(1 + V  - k
L J
d| z * GB . ( z ) k+1 k+1
k *
( 5 . 14 )
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Combinat ion o-f equat ions ( 5 . 13 )  and ( 5 . 14 )  gives the recur rence  -formula
r , + z ' 2k. k +1 k +1
H (z)  = — -----------------------------   ( 5 . 15 )
1 + 2 d f x l H . x 1 ( 2 )k k+1 k+1
(3) Ripr«»»nt H k (z) ** * rttionil function p k (w) / Q k (w)
Since H (z)  = r , i t  may be seen t ha t  H, (z)  i s  a r a t i o n a l  f unc t i on  
n n k
- 2P (w) /  ^k ^w  ^ wi th w = z . S u b s t i t u t i o n  i n t o  equat ion ( 5 . 15 )  g ives
P (w) r + w df  . P . (w) /  Q (w)_k  k_______ k + 1 k + 1________ k + 1
V w) 1 + r, w d* P. i ( (h) / Q. . (w)k k+1 k+1 k+1
(5 . 16 )
P (w) and Q (w) are polynomials of degree ( n - k ) .  They can be w r i t t e n
K K
. . .  (k) , (k) (k) n-k .Pfc(w) = p0 + Pj w + . . .  + pn>_k w ( 5 . 17a )
_ . . (k) (k) , . (k) n-k0, (w) = q_ + q, w + . . .  + q . w (5 .17b)k 0 1 n-k
q ^  i s  always taken to be 1.
Equat ions (5 . 16 )  and ( 5 . 17 )  form the means whereby the f o l l o w i n g  two
opera t i ons  can be performed.
(1) Re f l ec t ance  synt hesis  -  f o r  a given bore shape and i t s  damping p r op er ­
t i e s ,  the r e f l e c t a n c e  i s  c a l c u l a t e d .
(2) Bore r ec o n s t r u c t i o n  -  the bore shape and the damping p r o f i l e  are c a l c u ­
l a t ed  from the r e f l e c t a n c e .
Hg(z)  i s  def ined by the f o l l o w i n g  equat ions,
H_ ( z ) « P. (w)  /  Q_(w) ( 5 . 18 )0 0 0
s E h ( j ) wJ
j=0
where ( h ( j ) >  i s  the d i s c r e t e  r e f l e c t a n c e .  Thus, P„(w) = H_(z)  Q_(w) ,  which
0 0 0
corresponds to the f o l l owi n g  convol ut i ona l  sum in the t ime domain,
( 0 ) ( 0 )
{p > = <h ( j ) >  * (q > i e .  ( 5 . 19 )
J J
h(n + l )  + h(n)  q 4 ^  + . . .  + h ( n ) q ^  = 0 
1 n
( 0 ) ( 0 )h(2n)  + h ( 2 n - l ) q, + . . .  + h(n)  q = 0 1 n
5 .4 .1 .2 .  R»fl«cttnc« 8ynth««is
For the known bore shape, {r^> i s  c a l c u l a t ed  using equat ion ( 2 . 42 )  (Sec­
t i o n  2 . 4 . 3 ) .  I f  the damping {d^ + ^} i s  a l so known, the r e f l e c t a n c e  ( h ( j ) )  may 
be synthesised as f o l l ows .
From equat ion ( 5 . 1 6 ) ,  i t  can be seen t h a t  P ^ w )  and Ej^w) s a t i s f y
pk<wl = r k Qk + i (w) + w dk+i pk + i ‘ H) <5- 20al
sk (w) = Qk+i lw) + r k w dL i  pk+i (w) (5 - 20bl
wi th P (w) = r and Q (w) = 1. n n n
Equat ions ( 5 . 17 )  and ( 5 . 20 )  lead to the f o l l o w i n g  i t e r a t i v e  equat i ons  f o r  
(k) (k)
c o e f f i c i e n t s  {p^ } and f q^ '  > of polynomials Pk <w) and B ^ w )  r e s p e c t i v e l y .
tk) .p0 = r k ( 5 . 2 1 a )
(k)q0 = 1 ( 5 . 21b)
For j  = l , . . . ,  ( n - k - 1 )
(k) (k+1) J2 (k+1) n . .
P • = r ,  q . + d . . p . . ( 5 . 21c )j  k k+1 r j - l
(k) (k+1) A ,2 (k + 1) #_q.  -  q . + r.  d, , ,  p . . ( 5 . 21  d )k k+1 * j - l
With p0n) = r n and q0n) = 1, k i s  i n i t i a l l y  set  to ( n - 1 ) .  The i t e r a t i v e
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equat ions are appl i ed  p r o g r e s s i v e l y , decreasing k by 1 each t ime,  u n t i l  k
reaches zero.  This gives { p ! 0 ) > and { q ! 0 ) >. { h ( j )> can then be found by s o l v -
J J
ing equat ions ( 5 . 1 9 ) .  Note t h a t  t h i s  method can be used to p r e d i c t  C h ( j ) > f or  
j  > 2n [ * ] .  The programme "SYNTH", which performs r e f l e c t a n c e  synt hes i s ,  i s  
reproduced in Appendix C.
5 .4 .1 .3 .  Bon Reconstruction
The i nverse problem of c a l c u l a t i n g  Cr . )  and (d, .} from f h ( j ) >  i s  morek k + 1
compl icated.
F i r s t ,  { p ! 0 * } n _ and ( q ! 0 S n are found from { h ( j ) } ^ n_. The dura t i on  of
’ j  = 0 Hj j=0 J=0
h corresponds to the t ime taken f o r  the i n c i de n t  wave to t r a v e l  from the sys-  
tern input  to the f a r  end and back t wice .  Thus, when h i s  found by deconvolu­
t i o n  of r ea l  measurements { g ( j ) >  and ( f ( j ) } ,  the response g w i l l  have to be
measured f o r  j  > 2n (see Sect ion 2 . 3 . 6 . 1 ) .
( 0 ){q^ } i s  found by sol v i ng  the l a t t e r  n equat ions of equat ion ( 5 . 19 )
( 0 )using a f a s t  border ing method ( D u f f i e l d  and Jones,  19S5) .  {p .^ } i s  then com­
puted using the f i r s t  (n+1) equat ions of equat ion ( 5 . 1 9 ) .  From equat ion
( 5 . 1 6 ) ,  i t  i s  seen t ha t  polynomials Pj,(w) and Q^tw) w i l l  a lso s a t i s f y
P, (w) -  r,  Q. (w)
P (w) =----- ---------------— -------- (5 22a)k + 1 ,2 .. 2. ( & . ^ a )
w dk+i  n  -  V
Q (w) -  r P (w)
D (w) =------------------------ ---------  ( 5 . 22b)
(1 -  r f )k
A new pol ynomi a l ,  S i s  def ined as
S. (w) = d? P. (w) ( 5 . 23 )k k k
(k)  ^ (k) J (k) n-k
=S_ +S.  W + . . . + S  , w0 1 n-k
so t h a t  equat ions ( 5 . 22 )  become
[ *3  In Sect ion 2 . 4 . 3 ,  the simpler  r e c u r s i v e  method of Descout et  
al  (1976)  for  computing the r e f l e c t a n c e  of a given bore shape was 
descr i  bed.
n-k
By s e t t i n g  w = 0 i n  e q u a t i o n  ( 5 . 2 4 a )  and e q u a t i n g  t he  coef  f i c i en t s  of w in
e qu a t i on  ( 5 . 2 4 b ) ,  t he  - fo l l owi ng e x p r e s s i o n s  a r e  o b t a i n e d .
_ i n i .  .2 ( k ) _ . .  . .  .For k=0 to n: s_ -  r .  d. q .  = 0  ( 5 .25a)0 k k 0
( k ) 2 ( k )
For k = 0 to (n — 1) : q , -  (r.  /  d. ) s = 0 ( 5 . 25b)n-k k k n-k
Thus, i-f polynomial  coe-f - f icients { s ! * ^ }  and { q ^ * }  are known, r, and df" can be
j  j  ’ k k
( k + 1)  ( k + 1)c a l c u l a t e d .  This in turn enables c a l c u l a t i o n  o-f ( s .  ) and Cq . } using
J j
the - fol lowing i t e r a t i v e  equat ions der ived -from equat ions ( 5 . 2 4 ) .
. (k) . , ( k ) .
r • n / . n (k+1) j + 1  k ~ ^  qj+l ;r .For j = 0 , . . ( n - k - 1 ) :  s .  = -------------------1---------   ( 5 . 26a )
J (1 -  r , )
k
. (k) . . ,2. ( k)
„ “ ♦ »  -   ■■^J 2J (1 -  r f )k
NOTE: r,  *  1k
2
dg i s  set  to 1. Thus,  r^ and d^ can be c a l c u l a t e d  p r o g r e s s i v e l y  u n t i l
2
k s ( n - 1 ) ,  and the product  '(r d^) i s  c a l c u l a t e d  using equat ion (5. i l5’a ) .  The
bore c r os s - s e c t i on a l  area i s  then computed -from r^ using the t ransmi ss i on  l i n e  
equat ion given in Sect ion 2 . 4 . 3 .  I t  should be noted t h a t  the above a l gor i t hm  
can be s impl i - f i ed  so t h a t  i t  no longer  computes damping, by - forcing d^ to 1 
throughout .  Then i t  would become e s s e n t i a l l y  the same as Goodwin's m u l t i p l e  
r e f l e c t i o n  a l gor i t hm (see Sect ion 2 . 4 . 5 ) .
By examining the above equat ions ,  severa l  p o t e n t i a l  sources of i n s t a b i l ­
i t y  in the bore reco ns t r u c t i on  a l gor i t hm come to l i g h t .  Combining equat ions  
( 5 . 25 )  gives
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J  <k) (k) , (k) /trd. = s_ 5 . /  q . ( 5 . 27 )k 0 n-k Mn-k
. (k) .
">0 = u
( 0 ) ( 0 )When (p^ } and (q^ > take on low values (see,  -for example,  Figures 5.21
(k) (k)and 5 . 2 2 ) ,  values o-f (s^ } and (q .^ } may become very smal l ,  and when numer i ­
cal e r r o r s  are p r esent ,  the above quot i en t  becomes unst abl e ;  indeed,  computa-
4
t i ons  have sometimes given d^ a negat i ve  va l ue ,  al though by d e f i n i t i o n  i t
4must be p o s i t i v e .  In t h i s  i ns t ance ,  d  ^would have to be r ese t  to a more p l a u -
4
s i b l e  value -  e i t h e r  1 or d | .  Th i s ,  however,  seems r a t h e r  a r b i t r a r y  and
would a f f e c t  the accuracy o-f the correspondi  ng r^.  From equat ions ( 5 . 25 )
r,  = s„ /  dj2 ( 5 . 28 )k 0 k
When the value o-f i s  below some l i m i t  [ * ] ,  normal l y  1x10 ^  ( the
l i m i t  of numerical  p r e c i s i o n ) ,  i t  i s  t r e a t e d  as zero.  Consequent ly,  d i v i s i o n
4 4by zero occurs in equat ion ( 5 . 1 9 ) ,  and so d  ^ cannot  be de f i ned .  Here aga i n ,  d^
would have to be assigned some va l ue ,  as above,  in order  f o r  the i t e r a t i v e
process to cont inue.
4
Because of numerical  i naccu r ac i es ,  d  ^ has sometimes been computed to be
g r e a t e r  than one. As t h i s  i s  p h y s i c a l l y  i mpossi b l e ,  i t  must be r e s e t  to one.  
2
Er rors  in d^ w i l l  lead to e r r o r s  in r ^ ,  such t h a t  I r ^ l  may assume values
g r e a t e r  than one,  again p h y s i c a l l y  i mpossib le .  In these cases,  r^ i s  r e s e t  to
( 0 )p^ , which may be considered as a f i r s t  approximat ion to r^« Such c o n s t r a i n t s
reduce numerical  i naccur ac i es  but cannot remove them compl e te l y .
4When, in the s i m p l i f i e d  a l gor i t hm,  d^ i s  forced to one,  many of  the above 
e r r o r s  are avoided and a more s t a b l e  a l gor i t hm may be a n t i c i p a t e d .
The r e s u l t s  of t e s t s  on the bore r e c o n s t r u c t i o n  a l gor i t hm w i l l  now be 
given.
[ * ]  When dea l ing wi th noisy data ,  the best  choice of t h i s  l i m i t  i s  
not easy.
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5 .4 *2 .  Psrforminct of Boro Reconstruction Algorithm 
5 . 4 . 2 . 1. Ttst D i t *
For a c o n t r o l l e d  t e s t  of the bore r e c o n s t r u c t i o n  a l gor i t h m,  the r e f l e c ­
tance data i s  generated using the r e f l e c t a n c e  synthesis  a l gor i t hm (Sect ion
5 . 4 . 1 . 2 ) .  The model bore p r o f i l e  used,  having n=128,  is shown in F igure  5 . 20 .
( 0 ) ( 0 ) ( 0 ){p .^ } ,  fq .^ > and ( h ( j )  } were generated f o r  the two cases of
(1) no damping (d^ = 1 ) ,
(2)  a s imple damping p r o f i l e .
h,  f o r  case (1) corresponds to the h used in the deconvolut ion t es t s  
(Data Set A) ,  and can be seen in F igure  5 . 1 ,  Sect ion 5 . 2 . 1 .  The bore recon­
s t r u c t i o n  a l gor i t hm generated { p ^ > ,  ( q ^ > ,  { d^> and where f a^ l
denotes r ad i us .  These c a l cu l a t ed  values were compared wi th the t r u e  values by 
comparing rms and maximum er r o r s  in each case; t hus ,  the accuracy of each 
stage of the a l gor i t hm was checked.
A f t e r  t h i s ,  the e f f e c t s  of d i s t o r t i n g  h in var i ous  ways were t e s t e d .
5 .4 .2 .2 .  Result*
In the absence of damping the n o n - s i m p l i f i e d  a l gor i t hm reproduced the  
o r i g i n a l  bore p r o f i l e  wi th high p r e c i s i o n .  When the damping c o e f f i c i e n t s  were 
forced to one,  so s i mp l i f y i ng  the c a l c u l a t i o n s ,  the f i n a l  r e s u l t  was even more 
accura t e .
When damping was present ,  the a l gor i t hm did not work so w e l l .  With a l l  d^ 
set  to a va l ue  c lose to one,  eg. . 9 9 ,  the o r i g i n a l  r ad i u s  was reproduced  
c o r r e c t l y ,  but wi th less numerical  accuracy than wi th no damping.  The accuracy  
decreased as the values of d  ^ decreased,  i e .  as the e x t e n t  of the damping 
i ncreased.  A poss i b l e  reason i s  t h a t  the g r e a t e r  the damping, the more q u i c k l y  
h i s  reduced to smal l  values.  Very low values in the l a t t e r  p a r t  of h could 
promote g r e a t e r  numerical  i naccurac i es  in the ensuing c a l c u l a t i o n s .  For t h i s  
reason,  in the remainder  of the t e s t s  no damping was i n c o r p o r a t e d .
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Figurt 5*20 Model Bore P r o f i l e  (Radius in cm Versus Sample Number) Used 
to Test Bore Reconst ruct ion Algor i thm.
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In the previous s e c t i ons ,  i t  has been seen t ha t  deconvolut ion o-f measured 
data produces i naccur a t e  h ' s .  There-fore,  i t  was necessary to t e s t  the s t a b i l ­
i t y  o-f the bore r e c o n s t r u c t i  on a l gor i thm in the presence o-f noise.  Addi t i on o-f 
the smal l es t  amounts o-f Gaussian noise to h r e s u l t e d  in s i gn i - f i can t  numerical
i naccur ac i es  in p and q , ' wh i ch  led to p r o g r ess i ve l y  l a r g e r  e r r o r s  in ^r j,  ^ an  ^
2
{d^>,  and the r econst r uct ed  rad i us .  Figures 5.21 and 5 .22 show how the c a l c u ­
l a t ed  p and q were d i s t o r t e d  when 17. Gaussian noise was added to h. Despi te  
the e r r o r ,  most of the s i g n i f i c a n t  f ea t u r es  of the o r i g i n a l s  were r e t a i n e d .  
The r e s u l t i n g  f r^> and radi us  were grossly  d i s t o r t e d  unless the damping c o e f ­
f i c i e n t s  were forced to one. Even 1 x 10 7^. Gaussian noise produced a badly  
d i s t o r t e d  bore p r o f i l e .
To t r y  to p i npoi nt  the source of i n s t a b i l i t y ,  j u s t  one element  of h was
modi f ied s l i g h t l y .  This was enough to produce n o t i c e a b l e  e r r o r s  throughout  p
(0) (0)and q. The a l gor i t hm was also rerun s t a r t i n g  wi th i p^ . > and {q  ^ } and
2
proceeding s t r a i gh t away  to the c a l c u l a t i o n  of <r } and f d , } .  Here the i nput
K K
data was the t r u e  p and q wi th j u s t  one element of one or the other  s l i g h t l y  
modi f i ed .  This a lso produced a d i s t o r t e d  bore p r o f i l e .
5 .4 .2 .3 .  Diccufiiion
The bore r e c on s t r uc t i o n  a l gor i t hm works ext remely  wel l  f o r  i d e a l i s e d  
dat a ,  but i t s  performance is  sever e l y  degraded by the presence of no i se ,  how­
ever smal l  i t s  e x t en t .  Ther e f or e ,  in i t s  present  form,  i t  cannot  be used 
e f f e c t i v e l y  on deconvolved measured brass inst rument  data .
Possib le  reasons f o r  the i n s t a b i l i t y  of the a l gor i t hm were suggested in 
Sect ion 5 . 4 . 1 . 3 .  I t  may wel l  be t ha t  some form of r e g u l a r i s a t i o n  would improve 
the r e s u l t s ,  a l though t h i s  would n e c e s s a r i l y  e n t a i l  a loss in p r e c i s i o n .
The problem of noise has not been emphasised by i n v e s t i g a t o r s  of vocal  
t r a c t  a r e a - f u n c t i o n  recovery methods (Sect ion 2 . 4 ) .  The i r  deconvolved data may 
have had n e g l i g i b l e  noise l e v e l s ,  poss ib ly  because of the narrower  bandwidth,  
or t h e i r  vers i ons  of the i nvers i on  a l gor i t hm may have been h i g h l y  s t a b l e  in
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Noise Added, (a)  O r i g i n a l  Synthesised <qk> , (b) k> A f t e r  A n a l y s i s .
SA
MP
LE
 
NU
MB
ER
-  1 6 2  -
the presence of noise .
5 .4 .3 .  Reflectance Synthesis Algorithm
5 .4 .3 .1 .  Performance
I d e a l l y  the performance of t h i s  a l gor i t hm would be t es t ed  by comparing 
the synthesised h wi th the t r u e  h. ' However ,  the t r u e  h i s  not known, only a 
d i s t o r t e d  version of i t  obtained by deconvolut ion of measured data.  The gen­
erated h i s  t h e r e f o r e  convolved wi th the measured f to produce a g which can 
be compared d i r e c t l y  wi th the measured g.
The response of a s t r a i g h t  t rumpet  was generated as f a l l o ws .  Using
c a l i p e r s ,  i t s  i n t e r n a l  diameter  was measured at var i ous  poi nt s  along the bore 
as necessary,  to obt a i n  the v a r i a t i o n  of i n t e r n a l  d iameter  wi th d i s t ance  along  
the ax i s .  For r e f l e c t a n c e  synt hes i s ,  these data had to be conver ted to 
equal l y -spaced samples of r a d i u s ,  and so the a x i a l  d i s t ance  corresponding to  
one sample had to be determined.  To do t h i s ,  an approximat ion of the v e l o c i t y  
of sound in the t rumpet  had to be made. The best  approximat ion was the v e l o ­
c i t y  of sound in the narrow 0 .95  cent i me t r e  i n t e r n a l  diameter  source tube.
This was found using the r e s u l t s  of the source tube a t t e n u a t i o n  measurements
of Sect ion 3 . 1 . 3 . 5  by comparing pulse t i mi ngs  wi th d i s t ance  t r a v e l l e d  at  each 
of the t h r ee  microphone p o s i t i o n s .  The r e s u l t i n g  v e l o c i t y  was 33 . 4  
c e n t i m e t r e s / m i l l i s e c o n d .  The diameter  in cent i met r es  was p l o t t e d  by hand 
aga i ns t  a x i a l  d i s tance  in cent i met r es .  Diameter  data was read o f f  from the
graph every 0 . 364 cent i met res  of a x i a l  d i s t an c e ,  which corresponded to one 
sample,  and the r e s u l t i n g  data (363 samples) was typed i n t o  the computer.  
Di v i s i o n  by two gave rad i us  v a r i a t i o n ,  and f i v e - p o i n t  smoothing was a pp l i ed  to 
the par t s  of the data which might have become s l i g h t l y  uneven because of  human 
e r r o r  in the aforement ioned process.
The prec i se  p o s i t i o n  at  which the b e l l  r e f l e c t i o n  occurs depends on f r e ­
quency (Benade,  1976,  Sect ion 2 0 . 5 ) ,  and i s  t h e r e f o r e  a v a r i a b l e  d i s t an ce
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i ns i de  the b e l l .  I t  was a r b i t r a r i l y  assumed t h a t  i t  occurred two cent i met res  
i n s i de  the b e l l ,  so t ha t  only 357 o-f the 363 rad i us  "samples" were used -for 
the synt hes i s .  The assumption o-f no damping was also made. The r e s u l t i n g  syn­
t hes i sed  r e f l e c t a n c e  is  shown in Figure 5 . 2 3 .  Also shown f or  comparison i s  the  
"best  approximat ion" to the t r u e  h obtained by t ime-domain deconvolut ion (Sec­
t i o n  5 . 2 . 2 ) ,  and the measured radius f i l e .
When the synthesised r e f l e c t a n c e  was convolved wi th the known input  
impulse,  the r e s u l t i n g  response bore cons i der ab l e  s i m i l a r i t y  to the exper imen­
t a l l y  measured response;  Figure 5 .24 shows t h i s .  This demonstrates the s u i t a ­
b i l i t y  of the model used (Sect ion 5 . 4 . 1 ) .  The processes of r e f l e c t a n c e  syn­
t h e s i s  and convol ut i on  are both wel1- c o n d i t i o n e d  and s t a b l e  in the presence of  
noi se ,  u n l i k e  the corresponding i nverse  problems of bore r e c o n s t r u c t i o n  and 
deconvol ut i on .  The success of the synt hes i s  shows t h a t  the bore r e c o n s t r u c t i o n  
a l gor i t hm would a lso give good r e s u l t s  i f  i t  could be made l ess  s e n s i t i v e  to  
noise.
Close i nspec t i on  of Figures 5 .23  and 5 . 2 4  r e v e a l s  some d i f f e r e n c e s .  The 
s i z es  of some of the s a l i e n t  f e a t u r e s  vary .  This could e a s i l y  be because of 
i naccur ac i es  in the diameter  measurements.  A l t e r n a t i v e l y ,  as the f e a t u r e s  are  
l a r g e r  in the synthesised r e s u l t s ,  i t  could be caused by the lack of i n c o r ­
por a t i on  of damping.
A v a r i a t i o n  in the pos i t i on  of the f e a t u r e s  has also been noted.  As t ime  
i nc r ease s ,  f e a t u r e s  in the synthesised data occur p r o g r e s s i v e l y  l a t e r  than 
corresponding f e a t u r e s  in the measured dat a .  This i s  because v e l o c i t y  v a r i a ­
t i o n  in the r e a l  t rumpet  i s  not taken i n t o  account  in the model which assumes 
the v e l o c i t y  to be uni form throughout .  This po i n t  w i l l  be examined more 
c l o s e l y  in the next  sec t i on .
5 .4 .3 .2 .  Velocity Variation
A f i r s t  approximat ion to v e l o c i t y  v a r i a t i o n  can be made using the f o l l o w ­
ing formula f o r  the v e l o c i t y  of sound in a c y l i n d r i c a l  duct of i n f i n i t e  l engt h
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FiflUr* 5.23 Resul ts  of Re f l ec t ance  Synt hes i s ,  (a) Measured Radius Data  
of S t r a i g h t  Trumpet ,  <b) . Re f l ec t ance  Synthesised From ( a ) ,  (c)  Best  
Approximat ion to True Re f l ec t an ce  Obtained Using Time Domain 
Deconvolut ion.
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Figure 5.24 Comparison of Synthesised and Measured Responses. Response 
Obtained by Convolut ion of Measured I nput  Pulse wi th Synthesised  
Ref l ec t ance  ( F i gur e  5 . 2 3 ( b ) )  (Dashed) ,  and Ex p e r i me n t a l l y  Measured 
Response of  the Same Trumpet (Cont inuous) .
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(see K i n s l e r  and Frey ,  1950)
v = c Cl -  . 162 /  (a f?)  3 ( 5 . 29 )
where v i s  the v e l o c i t y  in the duct ,  a is the duct r ad i u s ,  f i s  the f requency  
in kHz and c i s  the v e l o c i t y  of sound in a i r .  Here,
c = 331 . 6  >1(1 + T / 2 7 3 ) ’ ( 5 . 30 )
where T i s  t emperature  in ° C e l s i us .  In t h i s  way v e l o c i t y  i s  c a l c u l a t e d  as a 
f unc t i on  of r a d i u s .  V e l o c i t y  also depends on t emperature ,  which i s  assumed 
uni form throughout .  A f requency of 590 Hz was a r b i t r a r i l y  chosen,  al though the  
pulse conta i ns  a l l  f requencies  up to about 20 kHz, so propagat ion w i l l  be 
d i s p e r s i v e .  F i gur e  5 . 25  shows computed v e l o c i t y  v a r i a t i o n  along the bore.  I t  
i s  not an accur a t e  p i c t u r e  because the cond i t i ons  at tached to equat ion (5 . 29 )  
are not s a t i s f i e d .  However,  i t  i s  c l e a r  t h a t  v e l o c i t y  w i l l  tend to i ncrease  as 
radi us  i nc r e a s e s ,  and w i l l  tend to remain constant  in regions where the r ad i us  
does not change.  Consequent ly one would expect  the f e a t ur e s  of the synthesised
response to become p r o gr ess i ve l y  l a t e r  in t ime than those of the measured 
response,  which i s  what a c t u a l l y  occurred (see Figures 5 . 23  and 5 . 2 4 ) .
The above suggests a use to which the synt hes is  a l gor i t hm may be put .  I t  
could be used t o  i n v e s t i g a t e  the v e l o c i t y  v a r i a t i o n  along bores of vary i ng  
t aper  by comparing po s i t i o ns  of f e a t u r es  in the synthesised and measured 
responses.  I t  should be noted t h a t  the value of v e l o c i t y  used in t he  syn­
t h e s i s  (see pr ev i ous  sect i on)  must be c o r r e c t l y  chosen in order  f o r  t h i s  com­
par ison to be v a l i d .
5 .4 ,3 .3 .  D i icu i t ion
The r e f l e c t a n c e  synthesis  a l gor i t hm is  s t ab l e  and produces f a i r l y  r e a l i s ­
t i c  r e s u l t s .  However,  the model s u f f e r s  from some l i m i t a t i o n s .  I t  t akes  no 
account of v a r i a t i o n  of v e l o c i t y  along the inst rument  bore.  I t  a l so  s u f f e r s  
from a l l  the l i m i t a t i o n s  of a t ransmission l i n e  model -  p r i n c i p a l l y ,  t h a t  wave 
motion i s  not p l anar  and t ha t  losses occur .  The need for  the i n c l u s i o n  of
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Figur* 5*25 Computed Approximat ion of V e l o c i t y  V a r i a t i o n  Along the Bore 
of the S t r a i g h t  Trumpet (Shown in F igure  5 . 2 3 ( a ) ) .
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• frequency-dependent  losses is  demonstrated in Figure 5 . 23 .  The b e l l  r e f l e c t i o n  
in the synthesised response is  t h i n n e r  and more pointed than t ha t  of the meas­
ured response,  i n d i c a t i n g  t h a t  the l a t t e r  has exper ienced more high f requency  
a t t e n u a t i o n ,  d i s p e r s i on ,  and loss by r a d i a t i o n  from the b e l l .
The synthesised r e f l e c t a n c e  could be used in var i ous  ways. I t  could be
input  i n t o  the t ime domain model of Mc I nt yre  et  al  ( 1983 ) ,  which could then
s imul a t e  mouthpiece pressure and volume f low r a t e  (see Sect ion 2 . 2 . 2 ) .  I t  can 
also be used to compute input  impedance,  as w i l l  be expla ined in Sect ion  
6 . 5 . 3 . ,
5.5.  Ovtra l l  Summary of Chtpttr 5
In t h i s  chapt er ,  c a r e f u l  i n v e s t i g a t i o n s  of t hr ee  d i f f e r e n t  processes  
deconvol ut i on ,  s ignal  r e s t o r a t i o n  and bore r e c o n s t ru c t i o n  -  have been 
r epor t ed .  None of these techniques have proved complet e ly  successful  when 
appl i ed  to rea l  data because a l l  th ree  are unst abl e  in the presence of noise .
Three methods of deconvolut ion were i n v e s t i g a t e d  s y s t e m a t i c a l l y .  Time 
domain deconvolut ion was unst ab l e  f o r  low i n i t i a l  values of input  s i g n a l .  
Constrained i t e r a t i v e  deconvolut ion would not converge f o r  r e a l  data ,  because 
the measured input  impulse did not s a t i s f y  c e r t a i n  e i genva l ue  c r i t e r i a .  The 
noise present  in r e a l  data rendered the f requency domain deconvolut ion r e s u l t  
noisy and non-causal .  Var ious techniques to reduce the e f f e c t s  of noise were 
t r i e d .  The most e f f e c t i v e  was to s h i f t  the input  data by two samples,  but  t h i s  
i n t roduced another  type of d i s t o r t i o n .
The technique of r e s t o r a t i o n  was o r i g i n a l l y  used in o p t i c s  f o r  image 
enhancement.  Here i t s  intended use was to c o r r e c t  the high f requency i n f o r ma­
t i o n  which had become d i s t o r t e d  by noise dur ing deconvol ut i on .  However,  the  
Gerchberg a l gor i t hm is  unst able  in the presence of noise.  I t  d i verged a f t e r  a
number of i t e r a t i o n s  dependent on the noise l e v e l .  For the deconvolved r ea l
/
da t a ,  the noise l e v e l  was so high t h a t  d ivergence occurred a f t e r  j u s t  one
i t e r a t i o n ;  however,  one i t e r a t i o n  did improve the r e s u l t  s l i g h t l y .
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The bore r e c o n s t ru c t i o n  procedure was more s e n s i t i v e  to noise than e i t h e r  
deconvolut ion or r e s t o r a t i o n .  I t  produced a p e r f e c t  r e s u l t  f o r  i d e a l i s e d  data ,  
but the smal l est  amount of noise led to gross l y  d i s t o r t e d  r e s u l t s .
These i n v e s t i g a t i o n s  have served to i l l u s t r a t e  the types of problems t ha t  
may a r i s e  when a t t empt i ng  to solve inverse  problems.  Sometimes, the problems 
are so great  t h a t  the f i n a l  so l u t i o n  i s  nothing l i k e  what i t  should be. Sol v ­
ing inverse  problems i s  not as s t r a i g h t f o r w a r d  as i t  might appear at f i r s t .
At the out set  of the present  work,  such severe problems had not been
a n t i c i p a t e d ,  s ince the r e l e v a n t  l i t e r a t u r e  did not warn of them. I t  may wel l  
be t h a t  the i nver s i on  a l gor i thms (area f unc t i on  recovery)  used by other  i nves ­
t i g a t o r s  (Sondhi and Resnick,  1983; Leffevre et  a l , 1983) were p a r t i c u l a r l y  
s t a b l e  ve r s i ons ,  s ince no problems of i n s t a b i l i t y  in the presence of noise
were repor t ed ;  i f  so,  no i n f ormat i on  about how t h i s  s t a b i l i t y  was achieved was 
given.
Sarkar  et  al  (1981)  expla ined t h a t  inver se  problems are f a r  more d i f f i ­
c u l t  than the d i r e c t  problem.  They are normal l y  i l l - p o s e d ,  such t h a t  smal l  
e r r o r s  in the o r i g i n a l  data lead to much l a r g e r  e r r o r s  in the f i n a l  s o l u t i o n .  
In a d d i t i o n ,  the problem may not have a unique s o l u t i on  (He l mhol t z ,  1853) .  
R e g u l a r i s a t i o n  can be used to t ransform the i l l - p o s e d  problem i n t o  a w e l l -  
posed one,  but ne c e s s a r i l y  i nvo l ves  a loss of p r e c i s i on .  Using the d i r e c t  
s o l u t i o n  r a t h e r  than the inverse  s o l u t i o n  where possib le  would be f a r  more 
s a t i s f a c t o r y .  The d i r e c t  process of r e f l e c t a n c e  synthesis  has proved more suc­
cessfu l  than i t s  i n v e r s e ,  bore r e c o n s t r u c t i o n .  I f  the l i m i t a t i o n s  of the sim­
pl e  model employed can be overcome,  the synt hes is  process w i l l  have many
p o t e n t i a l  uses,  one of which i s  o u t l i n e d  in the next  chapter .
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CHAPTER 6 
DISCUSSION 
6.1.  Introduction
In t h i s  chapter  a general  assessment w i l l  be made of the l i n k s  which 
e x i s t  between the bore and the acoust i cs of brass i nst ruments and how these  
may aid i nst rument  design procedures.  The assessment w i l l  t ake  i n t o  account  
work c a r r i e d  out by o t her s ,  and p a r t i c u l a r l y  the work presented in t h i s  
thesi  s.
Sect ion 6 . 2  conta ins  a resume of the achievements of the research.  Subse­
quent sect i ons  discuss the ex tent  to which these achievements may enhance pro­
gress towards the goal  of designing a " b e t t e r "  i ns t r ument ,  as def i ned in 
Chapter 1. In Sect ion 6 . 3 ,  cur rent  inst rument  development procedures are  
reviewed,  and t h e i r  l i m i t a t i o n s  exposed. Ideas on how t r a n s i e n t  response meas­
urements may help in inst rument  design are presented in Sect ion 6 . 4 .  Sect ion  
6 . 5  conta ins  an assessment of l i n k s  which a l ready  e x i s t  between bore geometry  
and aco us t i cs ,  and ideas about how these may be st rengthened using the t r a n ­
s i e n t  response.  F i n a l l y ,  in Sect ion 6 . 6 ,  ideas f o r  f u t u r e  work are summarised.
6.2.  Summary of Achiivtmant* of Raitarch
The aims of the research were ou t l i n e d  at  the end of Chapter  1. The 
ext ent  to which the f i r s t  four  of these goals have been a t t a i n e d  w i l l  now be 
discussed.  The f i f t h  goal  w i l l  be d e a l t  wi th in the remainder  of the chap t e r .
(1) The exper imenta l  arrangement devised by Goodwin ( 19 8 1 ) ,  f o r  measuring  
t r a n s i e n t  responses,  has undergone cons i derab l e  re f i nement  in both apparatus  
and sof t ware .  I t  i s  now capable of making accurate  measurements of t r a n s i e n t  
response,  s p e c i f i c a l l y  r e f l e c t a n c e  (wi th non- i dea l  impulse)  as de f i ned  in Sec­
t i on  2 . 2 . 3 .  Major advances i nc l ude  the i n t r o d u c t i o n  of a source t ube ,  a 
method of e f f e c t i v e l y  improving impulse cons i s t ency ,  and a t echni que  f o r  com­
pensat ing -for changes in ambient temperature .  By-products of t h i s  work were a 
method of i n v e s t i g a t i n g  pulse a t t e n u a t i o n  in tubes and i n f ormat i on  about the 
inconsistency of spark sources.
(2) A technique f o r  de t e c t i ng  physica l  d i f f e r e n c e s  between inst ruments by com­
par ing t h e i r  measured t r a n s i e n t  responses has been developed;  the combinat ion  
of v isual  i nspect i on  of superimposed response p l o t s  and an a l ys i s  of a r i t h m e t i ­
cal  d i f f e r e n c e  data has proved most e f f e c t i v e .  Small  f a u l t s ,  which were missed 
by normal f a c t o r y  inspec t i on  methods,  have been det ec t ed ,  f or  i n s t a n c e ,  a 
missing sleeve in a corne t .  The p o t e n t i a l  b e n e f i t s  of t h i s  technique to the  
brass inst rument  i n dus t r y  are vast .
(3) A survey of d i f f e r e n t  methods of deconvolut ion was made, and a syst emat ic  
study of t hr ee  of these -  t ime domain,  f requency domain and const r a i ned  i t e r a ­
t i v e  deconvolut ion -  was c a r r i e d  out .  The performance of a l l  t hree  was poor 
with non- ideal  data .  For f u t u r e  work,  an i n v e s t i g a t i o n  of Sondhi ' s  method of 
deconvolut ion (SVD wi th r e g u l a r i s a t i o n ) i s  recommended.
A by-product  of these t es t s  was an i n v e s t i g a t i o n  of the performance of 
the Gerchberg r e s t o r a t i o n  a l g or i t hm.  Resul ts  conf i rmed t ha t  t h i s  a l g or i t h m  
tended to d i verge  in the presence of noise.  Test ing t h i s  data wi th an a l t e r n a ­
t i v e  r e s t o r a t i o n  a l g o r i t h m,  eg. POCS, i s  a poss i b l e  course f o r  f u t u r e  work.
(4) A novel  method of r e l a t i n g  bore shape to r e f l e c t a n c e  has been developed by
Jones (1983) .  The bore is  model led as successive c y l i n d r i c a l  e l ements.  Plane  
wave propagat ion and f requency- independent  losses are assumed. Using z -  
t ransform r e l a t i o n s h i p s ,  the r e f l e c t a n c e  of a given bore p r o f i l e  may be syn­
t hes i sed .  The r e f l e c t a n c e  synthesis  a l g or i t h m was found to be s t a b l e  and gave 
qu i t e  good r e s u l t s ,  subject  to the l i m i t a t i o n s  of the model used.  The i nver se  
al gor i thm f or  p r e d i c t i n g  bore shape from r e f l e c t a n c e  worked p e r f e c t l y  f o r  
i d e a l i se d  no i se l ess  data ,  but was h i gh l y  unst abl e  in the presence of  noise .  
Thus, i t  i s  of no p r a c t i c a l  use in i t s  present  form.  Fur ther  work to make the
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a l gor i t hm more s t ab l e  in the presence of noise is  recommended.
6.3.  Ex i i t ing  Development Methods
Many f a c t o r s ,  besides musical  q u a l i t y ,  govern the development of a new 
model.  Fashion t rends play a p a r t ,  f or  i ns t a nc e ,  over the l a s t  f i f t y  years ,  
t here  has been a general  change from s ma l l -  to l a r ge - b or e  trombones.  I n s t r u ­
ment designs are also a f f ec t ed  by p l a y e r s '  t as t es  and p r e j u d i ce s .  Compet i ­
t o r s '  models exer t  an i n f l u e n c e .  Mechanical  working of s l i d e s  and/or  va l ves ,  
po s i t i o n  of s t ays ,  dimensions,  ba lance,  comf or t ,  appearance,  weight ,  f i n i s h ,  
and even colour  are a l l  of importance.  Other more down- to - ear t h  f a c t o r s  
i nc lude  t ime c o n s t r a i n t s ,  cost c o n s t r a i n t s  and t echno l og i ca l  l i m i t a t i o n s  which 
govern the ease wi th which a p a r t i c u l a r  model can be manufactured.
With a few except ions [ # ] ,  when a new model i s  being developed,  one or  
more prot ot ypes  are produced.  These may be based on the cur r en t  model ,  or may 
be copies of a c o mp e t i t o r ' s  design.  The s u i t a b i l i t y  of a p rot ot ype  i s  t es t ed  
by i n v i t i n g  a p ro f ess i o na l  musician to give his  or her op i n i on .  (The approval  
of a wel l -known p l ayer  i s  a good s e l l i n g  p o i n t ! )  I f  the p l aye r  i s  d i s s a t i s f i e d  
with some aspect  of the q u a l i t y ,  the prot o t ype  i s  modi f i ed and re - assessed ,  
and so the process goes on (of ten  f o r  a long t i m e ! ) .  This t r a d i t i o n a l  design  
process i s  i l l u s t r a t e d  in F igure 6 . 1 .  U n f o r t u n a t e l y ,  t h i s  process may some­
t imes have to be h ur r i e d  when the manufacturer  i s  under pressure to produce a 
new model q u i c k l y .
Two major problems e x i s t  wi th the above scheme. F i r s t ,  the manufacturer  
does not know what physical  changes w i l l  br ing about the des i red improvement
in musical  q u a l i t y .  His decis ion about the a l t e r a t i o n  i s  l a r g e l y  e m p i r i c a l ,
made on the basis  of  his own exper ience and c ra f t sman' s  i n t u i t i o n .  This i s  
c l e a r l y  u n s a t i s f a c t o r y .  A r e l a t i o n s h i p  between the geometry of the i nst rument
C*3 I t  should be noted t hat  f or  severa l  years ,  Dr.  Richard Smith 
at  Boosey and Hawkes has been using the more r e f i n e d  inst rument  
assessment techniques to be discussed in Sect ion 6 . 5 . 1 .
Figure 6.1
Flow Chart  Showing T r a d i t i o n a l  Design Process
S t a r t
Const ruct  prototypes
Yes v
Enter
next
stage
Player  N. 
sat  i sf  i ed 
with q u a l i t y ^
Modi fy inst rument  
on the basis of 
previous exper ience .
Submit to assessment by 
a pro f ess i ona l  p l a y e r .
bore and the s u b j ec t i v e  q u a l i t y  would be of grea t  use here.  I t  would mean t h a t  
the musical  q u a l i t y  of a given bore shape could be p r e d i c t e d .  In Sect ion 6 . 5 ,  
we discuss at tempts t h a t  have been made to develop t h i s  r e l a t i o n s h i p ,  and pos-  • 
s i b l e  paths for  f u t u r e  development .
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The second problem is t h a t  i t  is an unfor t unate  p o s s i b i l i t y  t ha t  even 
a f t e r  a l l  the f i n e  adjustments and assessments of the pr o t o t ype ,  the f i n a l  
product ion model may be an i n c o r r e c t  copy of the prototype .  This i s  because at  
present  t he r e  i s  no way of checking the exactness of the copy. Also,  in the 
f a c t o r y ,  the o r i g i n a l  protot ype  has been known to get l o s t ,  damaged, or even 
sold so t h a t  no permanent record of the o r i g i n a l  design remained.  The next  
sect ion conta i ns  a discussion of how impulse measurements overcome these prob­
lems, and how they can be of f u r t h e r  use in the design and development of new 
inst ruments .
6.4.  How Impulia Maaiuramantt Enhance Design and Development Procedures
6 .4 .1 .  Precise Copies Ensured
Using the impulse apparatus ,  the t r a n s i e n t  response of the new prot o t ype  
i s  measured and remains permanent ly stored on the computer.  The responses of 
product ion models are measured and compared wi th the prot ot ype  response;  the  
two responses should be the same. The equipment does not ensure t h a t  the pro­
duct ion model w i l l  be an exact  copy; but i t  can show whether an a t tempt  at  
copying is  e x a c t ,  and i f  i t  i s  not ,  where i t  is not ,  and whether i t  i s  too big 
or too smal l .  Such a f a c i l i t y  has not been a v a i l a b l e  to brass inst rument  
manufacturers be f o r e .
The loss of the o r i g i n a l  p r oto type  would no longer be a problem.  I t s  
response w i l l  always be a v a i l a b l e  on the computer (wi th back-up c o p i e s ) ,  so 
product ion models can be compared wi th i t  even years a f t e r  i t s  o r i g i n a l  
design.
6 .4 .2 .  Comparison of Old and Naw Modal*
A prot otype  may be compared wi th the old model to see how and where i t  
d i f f e r s ;  f o r  i n s t a n c e ,  a new Boosey and Hawkes prototype B - f l a t  euphonium was 
compared wi th the old "Sovereign" model.  Each inst rument  was measured t wice  
once wi th a l l  va l ves  up and once wi th a l l  valves down. The measurements showed
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t ha t  the Sovereign mouthpipe was shor t e r  than the p r o t o t y p e ' s ,  so i t s  record  
had to be s h i f t e d  by two samples to make comparison e a s i e r .  Comparison of the 
protot ype wi th a second Sovereign euphonium showed t h a t  these both had the  
same mouthpipe.  For some reason the mouthpipe of the f i r s t  Sovereign was d i f ­
f e r e n t .  La ter  i t  was discovered t h a t  the f i r s t  Sovereign had been f i t t e d  wi th  
an " I mp e r i a l "  mouthpipe i nstead of a Sovereign mouthpipe.  This i nc i dent  served 
to conf i rm t h a t  the impulse apparatus is  able  to de t ec t  whether the wrong
mouthpipe has been f i t t e d  u n i n t e n t i o n a l l y  to an inst rument .  In Sect ion  
4 . 5 . 5 . 2 ,  the equipment also detected t h a t  the wrong mouthpipe had been f i t t e d  
to a t rumpet .
F igure  6 . 2  shows the "va lves up" comparison of the two inst ruments .  
Apart  from mouthpipe d i f f e r e n c e s  and the a n t i c i p a t e d  d i f f e r e n c e s  in the va lve  
group r eg i on ,  i t  appears t ha t  in a few p o s i t i o n s  between the va lve  group and 
the b e l l  the prot otype  record i s  smoother.  The inst rument  designer  had a c t u ­
a l l y  sought to make the inst rument  smoother at  these p o s i t i o n s ,  so the meas­
urements conf i rm t h a t  he was success f u l .  These d i f f e r e n c e s  do not show up 
c l e a r l y  in the corresponding "va lves down" comparison.
6 .4 .3 .  Comparison with C o ip f t i to ra '  Modal*
I nst ruments may be compared wi th the corresponding models made by com­
p e t i t o r s .  This has been done f o r  euphoniums, t rumpets and cornet s .
Euphonium*
A Boosey and Hawkes "Sovereign" B - f l a t  euphonium was compared wi th the  
eq u i va l en t  Yamaha model.  I t  was suspected t h a t  Yamaha had at tempted to copy 
the Besson/Boosey and Hawkes va l ve  compensating system. The measurements con­
f i rmed t ha t  t h i s  was so. F igure  6 . 3  shows the "va lves up" comparison;  F igure
6 . 4  shows the "valves down" comparison.  Apart  from the mouthpipe d i f f e r e n c e s ,  
these p l o t s  reveal  some other  d i f f e r e n c e s .  In F igure  6 . 3 ,  the Yamaha record  
has an e x t r a  spike ( p o s i t i v e  then n egat i ve )  in the par t  corresponding to the
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Figurt 6t2 Valves Up Comparison of Two B - F l a t  Euphoniums. (a) Response 
of " So v e r e i gn" , (b) Response of New Prot ot ype  Euphonium. P o s i t i o n s  a t
which Prototype  i s  Smoother are I n d i c a t e d .
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F i g u r t  6«3 Complete Valves Up Comparison of Two Makes o-f B - F l a t  
Euphonium, (a) Goosey and Hawkes "Sovere ign" ,  (b) Yamaha.
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Figurt 6i4 Valves Down Comparison of the Same Euphoniums as in Figure
6.3.  (a) Sovereign, (b) Yamaha.
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tubing between valves 3 and 4. Other than t h a t ,  in both - f igures the Yamaha 
record appears to be g e n e r a l l y  smoother and - f l a t t e r  wi th lower ampl i tude  
spikes than the Sovereign record ,  suggest ing smoother c o n s t r u c t i on .  One semi-  
pr o f ess i ona l  p l ayer  has said t h a t  the Yamaha inst rument  i s  eas i e r  to p l ay .  I t  
may wel l  be that  smoothness of t r a n s i e n t  response is r e l a t e d  to e a s e - o f -  
blowing.  (The r e l a t i o n s h i p  between t r a n s i e n t  response and s u b j e c t i v e  q u a l i t y
i s  discussed f u r t h e r  in Sect ion 6 . 5 . 4 . )  The Yamaha seems to be s l i g h t l y
shor t e r  o v e r a l l  than the Boosey and Hawkes i nst rument ,  judging from the po s i ­
t i on  of the b e l l  r e f l e c t i o n .
These sor t s  of d i f f e r e n c e s  would be d i f f i c u l t  to detect  wi t hout  t r a n s i e n t  
measurements.
Trumpets
A Boosey and Hawkes "Symphony" t rumpet  was compared wi th the correspond­
ing Vincent  Bach model (Amer ican) .  See Figure  6 . 5 .  The major a r i t h m e t i c a l
- 2d i f f e r e n c e  was at  the mouthpipe ( 3 . 4  x 10 ) ,  wi th l ess s i g n i f i c a n t  d i f f e r -
-2
ences at  the valve  group ( 1 . 9  x 10 ) .  In f a c t ,  the two i nst rument s  were
known to have d i f f e r e n t  l engths of mouthpipe -  9 and 8 .65  inches r e s p e c t i v e l y
but t h i s  could not  have been deduced from the responses.  Poss i b l y  wi th  
f u r t h e r  exper i ence ,  such i n f ormat i on  could be gleaned.
Cornets
Comparison of two complete ly  d i f f e r e n t  makes of cornet  r e s u l t e d  in a high
- 2rms d i f f e r e n c e  ( 2 . 65  x 10 ) and a maximum a r i t h m e t i c a l  d i f f e r e n c e  of
- 2
8 . 4  x 10 . See Figure  6 . 6 .  Here the d i f f e r e n c e s  were f a r  more pronounced than
in the above examples of  euphoniums and t rumpets.
6 .4 .4 .  Further Potential  of the Appiratui t« a Research Tool
In t h i s  s e c t i on ,  f u r t h e r  ways in which t r a n s i e n t  measurements could 
enhance research and development wi t h i n  the brass inst rument  i n d u s t r y  are  sug­
gested.
1VN0IS
Fifur«  6.3 Comparison of Two Hakes of Trumpet.  (a) Boosey and Hawkes 
"Symphony", (b) Vincent  Bach, <c) A r i t h m e t i c a l  D i f f e r e n c e  (Expanded 
V e r t i c a l  S c a l e ) .
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Figur* 6.6 Comparison of Two Makes of Cornet ,  (a) Boosey and Hawkes, (b)  
Unknown Make, (c)  A r i t h me t i ca l  D i f f e r e n c e .
SA
MP
LE
 
N
U
M
B
E
R
-  174 -
When severa l  d i f f e r e n t  pr ot ot ypes  of a new model have been prepared,  
t h e i r  t r a n s i e n t  responses can be measured and compared. I f  c e r t a i n  aspects of 
musical  behaviour  could be deduced from the t r a n s i e n t  response (see Sect ions  
6 . 5 . 3  and 6 . 5 . 4  for  p o s s i b i l i t i e s ) ,  t h i s  would be a useful  way of p r e d i c t i n g  
the musical  q u a l i t i e s  of the pr o t o t ypes .  The t r a n s i e n t  responses would also  
show whether a ser i ous  f a u l t ,  which the manufacturer  was not aware o f ,  was 
present  in any of the protot ypes -  an unintended leak or c o n s t r i c t i o n  could be 
detected e a s i l y .
When the same model i s  manufactured over severa l  years ,  su b t l e  changes in 
manufacture may occur.  A f t e r  a per iod of t ime,  the manufactured model may 
d i f f e r  from the o r i g i n a l  p r o t o t ype .  Comparison of the t r a n s i e n t  responses of  
e a r l y  and l a t e r  vers ions of the same model w i l l  reveal  any such d i f f e r e n c e s .  
Of course,  when the new inst rument  comparison technique is  implemented in the  
f a c t o r y ,  such v a r i a t i o n s  w i l l  be avoided.
I f  each prot otype of a new model i s  measured,  a permanent record of how
i nst ruments have evolved over the years may be stored on computer.  Such 
records may provide a useful  r e f e r en ce  for  f u t u r e  workers.
Trans i ent  measurements may be used to i n v e s t i g a t e  how or whether an 
i nst rument  changes as i t  ages.  I f  c e r t a i n  inst ruments are measured r e g u l a r l y  
throughout  t h e i r  " l i f e t i m e s " ,  t h i s  may show up p a r t i c u l a r  changes or f a u l t s  
which could be expected to a r i s e  through f a i r  wear and t e a r ,  eg. a l a y e r  of 
deposi t  develops on the i n t e r i o r  sur f ace of the inst rument .  I t  could revea l  
some h i t h e r t o  unknown weakness in the inst rument  which could then be remedied;  
f or  i ns t ance ,  the measurements could show t ha t  a p a r t i c u l a r  model tends to 
develop a smal l  l eak in a p a r t i c u l a r  region of the i nst rument  a f t e r  some 
years ,  suggest ing a weakness in t ha t  reg i on .  The r e s u l t s  could be used to  
determine what the l i f e t i m e  of an inst rument  may be expected to be. They 
would also prove useful  i f  an owner be l i e v e s  t ha t  the musical  q u a l i t y  of his  
i nst rument  has changed.
-  175 -
The measurements could also be used to keep in touch wi th the t rends
being f o l lowed by competing manufacturers.  Measurements could help to exp l a i n  
why one brand of inst rument  s e l l s  b e t t e r  than another .  However,  one should
bear in mind t h a t  t here  are many f a c t o r s ,  eg. a d v e r t i s i n g ,  r e p u t a t i o n ,  p r i c e ,  
which i n f l u e n c e  sa l es  more  than the musical  inst rument  i t s e l f .
6.5.  Relationship between Bore Bhtpe and Musical Quality
The problem of whether i t  i s  poss i b l e  f o r  the musical  q u a l i t y  of an 
i nst rument  to be p r ed i c t ed  from i t s  bore shape w i l l  now be considered.
(a) Bore Shape  ( P r e d i c t )  > Musical  Q u a l i t y
I f  such a r e l a t i o n s h i p  could be achieved,  i t  would be an ext remely va l uab l e  
tool  f o r  inst rument  design.
As yet  no d i r e c t  r e l a t i o n s h i p  between bore geometry and s u b j e c t i v e  q u a l ­
i t y  has been f ormul a t ed .  The c l oses t  approach to a d i r e c t  r e l a t i o n s h i p  has 
been c l a r i f i e d  by R.A.Smi th and Mercer ( 1979 ) .  They exp l a i n  how smal l  changes 
in the bore c r os s - s e c t i on  near the node or ant inode of a standing wave can 
change the resonance f requ enc i es .  Resonance f requenc i es  a f f e c t  the i n t o n a t i o n  
and the t imbre  ( tone q u a l i t y ) .  Such bore p e r t u r b a t i o n s  can be caused by the  
e s s e n t i a l  mechanical  par t s  of the i ns t rument ,  eg. bends,  va l ves ,  s l i d e  j unc ­
t i o ns  and waterkeys.  R.A.Smi th and D a n i e l l  (1976)  used the p r i n c i p l e s  of bore 
p e r t u r ba t i o n  theory  to change se l ec t ed  resonance f requenc i es  by des i red  smal l  
amounts. The above could be considered to be an i n d i r e c t  r a t h e r  than d i r e c t  
l i n k  between bore shape and musical  q u a l i t y ,  v i a  resonance f requency.  Other  
i n v e s t i g a t o r s  have found t h a t  the resonance c h a r a c t e r i s t i c s  are a measure of 
the q u a l i t y  of an inst rument  ( I ga r a s h i  and Koyasu, 1953; Porvenkov and San-  
z a r o v s k i j ,  1984) .
Workers at  the Nat ional  Physics Laborat ory  have a lso been a t t empt i ng  to  
q u a n t i f y  r e l a t i o n s h i p s  between the i n s t r u me n t ' s  geomet r i cal  parameters and i t s  
s u b j e c t i v e  and acoust i c  p r o p e r t i e s  (Anthony and Cox, 1984) ,  but i t  i s  be l i eved  
t ha t  t h i s  work has now stopped.
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Some at tempts have been made to -forge an i n d i r e c t  l i n k  v i a  input  
impedance.  These w i l l  now be rev iewed,  and then suggest ions -for -future l i n e s  
of research w i l l  be made.
■6. 5 . 1 ,  Indirect  Relationship via Input Impedance
The proposed l i n k  is as f o l l ow s .
(b) Bore Shape— ( P r e d i c t ) — Mnput  Impedance— ( P r e d i c t ) — >Musical  Q u a l i t y
( I n t o n a t i o n  only)
The input  impedance of a given bore can be c a l c u l a t ed  t h e o r e t i c a l l y  (Sect ion  
2 . 1 . 2 . 4 ) .  A l t e r n a t i v e l y ,  the input  impedance could be measured using one of 
the methods given in Sect ions 2 . 1 . 2 . 2  and 2 . 1 . 2 . 3 .
(c) Bore Shape— (Measure)— Mnp ut  Impedance— ( P r e d i c t ) — >Musical  Q u a l i t y
( I n t o n a t i o n  only)
I f  s u b j e c t i v e  q u a l i t y  could be p r ed i c t ed  from input  impedance,  the l i n k  would 
be complete.  In Sect ion 2 . 1 . 2 . 5 ,  the p r e d i c t i o n  of i n t o n a t i o n  from input  
impedance using the "Sum Funct ion" of Wogram (1972) was e x p l a i ned .  However,  a 
l i n k  between input  impedance and other  s u b j e c t i v e  q u a l i t i e s  has not yet  been 
found (Sect ion 2 . 1 . 3 ) .  Ther e f or e ,  the proposed schemes of (b) and (c) above 
break down.
P r a t t  (1978)  and l a t e r  Goodwin (1981)  were the main r esear cher s  of the  
input  impedance l i n k ,  and both t r i e d  to use i t  to improve the t r a d i t i o n a l  
i nst rument  design process shown in Figure 6.1 (Sect ion 6 . 3 ) .  P r a t t  proposed a 
rev i sed  f l o w - c h a r t  shown in F igure  6 . 7  which replaced judgement by a p r o f e s ­
s ional  p l ayer  wi th two s c i e n t i f i c  ev a l ua t i o n  procedures -  measurement of i nput  
impedance and assessment of s u b j e c t i v e  q u a l i t y .  An example of the successful  
a p p l i c a t i o n  of P r a t t ' s  s u b j e c t i v e  assessment t echniques in the brass i n s t r u ­
ment i nd us t r y  was given in Sect ion 2 . 1 . 3 .  The input  impedance measurements 
have not ,  however,  been adopted,  as t h e i r  usefulness was not apparent .
Goodwin (1981) modi f ied t h i s  f l o w - c h a r t  again.  See F igure  6 . 8 .  In 
P r a t t ' s  f l o w - c h a r t ,  the f i r s t  protot ype  model i s  not based on any s c i e n t i f i c
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Figure 6.7
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Figur i  6.8
Flow Chart Showing Modified Doiign Proct«« 8ugg«ft«d by Goodwin
{ c a l c u l a t e  input  impedance,  e t c .  [
Good
intonat ion?. No
a t i s f a c t o r y ?
a t i s f a c t o r y ?
S t a r t  product ion
Design new bore shape
Const ruct  p rot ot ype  to  spec.
Modi fy bore shape
Submit to panel  of p l ayers  f o r  s u b j e c t i v e  assessment using SDS and MDS.
Modi fy r a t i n g  sca l es  f o r  
o b j e c t i v e  t e s t s .
Submit to o b j e c t i v e  t e s t  methods based 
on e x i s t i n g  SDS and MDS scales .
o
-  179 -
recommendation.  In F igure  6 . 8 ,  Goodwin aims to p r e d i c t  the musical  p r o p e r t i e s  
o-f the proposed bore shape,  and thus check i t s  s u i t a b i l i t y  bef ore  i t  i s  made. 
He uses his "Look Back" method (see Sect ion 2 . 1 . 2 . 4 )  to c a l c u l a t e  the input  
impedance (Goodwin, 1981,  Sect ion 2 .3V,  from which the q u a l i t y  of i n t on a t i o n  
can be deduced. The weak par t  of Goodwin's proposed scheme is  the box l a b e l l e d  
"Submit to o b j e c t i v e  t e s t  methods based on e x i s t i n g  SDS and MDS sca l es" .  
C l e a r l y ,  t h i s  cannot  be achieved because at  present  the s u b j e c t i v e  response 
cannot be determined from input  impedance.
6 .5 .2 .  Indirect  R«lit ion«hip via T r in t ien t  Retponee
The weakness of the l i n k  between input  impedance and s u b j e c t i v e  q u a l i t y  
means t h a t  an a l t e r n a t i v e  rout e  f o r  the r e l a t i o n s h i p  between bore shape and 
musical  q u a l i t y  must be sought .  From the context  of t h i s  t h e s i s ,  the obvious  
choice is  to use t r a n s i e n t  response i nstead of input  impedance.  This would 
r e s u l t  in the f o l l ow i ng  i n d i r e c t  r e l a t i o n s h i p .
(d) Bore Shape— ( P r e d i c t )  —  >Transient  Response— ( Pr e d i c t )  — >Musical  Q u a l i t y  
For the l i n k  to be r e a l i s e d ,  the two c o n s t i t ue n t  l i n k s  must be f o r ged ,  namely 
the l i n k  between bore shape and t r a n s i e n t  response,  and the l i n k  between t r a n ­
s i e n t  response and musical  q u a l i t y .  Each of these w i l l  be discussed in t u r n .
6 .5 .3 .  Link bttwtcn Bor* Ship* and T r t n t i t n t  Response
One advantage of r ep l ac i n g  input  impedance wi th t r a n s i e n t  response i s  
immediate ly  obvious.  The t r a n s i e n t  response as a f unct i on  of t ime at  the i nput  
of the inst rument  i s  c l o s e l y  r e l a t e d  to the physica l  s t r u c t u r e  of the i n s t r u ­
ment,  whereas the input  impedance as a f u n c t i o n  of f requency i s  not .  Simple  
i nspect i on  of a p l o t  of the t r a n s i e n t  response immediately shows the pr ec i se  
l o c a t i o n s  of bore d i s c o n t i n u i t i e s ;  there  i s  an i ncrease in bore c r oss -  
s e c t i o n a l  area where the response decreases,  and an area decrease where i t  
i ncreases .  This simple d i r e c t  r e l a t i o n s h i p  has been u t i l i s e d  as the basis  of 
the inst rument  bore comparison technique of Chapter 4. One cannot look at  a
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p l o t  o-f i nput  impedance and immediate ly  see where bore d i s c o n t i n u i t i e s  occur.  
There-fore,  any l i n k  between t r a n s i e n t  response and s u b j e c t i v e  q u a l i t y  w i l l  be 
f a r  more l i k e  a d i r e c t  l i n k  between bore s t r u c t u r e  and s u b j e c t i v e  q u a l i t y  than 
w i l l  a l i n k  between input  impedance and . subj ect i ve  q u a l i t y .
As the impulse apparatus can be used to measure the t r a n s i e n t  response o-f 
an i ns t rument ,  the - fol lowing l i n k  can also be considered.
(e) Bore S h a p e - - ( M e a s u r e ) - - > T r a n s i e n t  R e s p o n s e - - ( P r e d i c t ) - - >M u s i c a l  Q u a l i t y
A l t e r n a t i v e l y ,  the t r a n s i e n t  response of a given bore shape may be
pr ed i c t ed  t h e o r e t i c a l l y  (see (d) above) .  Chapter 5 dea l t  wi th the t h e o r e t i c a l  
l i n k  between t r a n s i e n t  response and bore shape. In Sect ion 5 . 4 . 3 ,  a way of 
synt hes i s i ng  the r e f l e c t a n c e  of a brass inst rument  was d er i ved ,  and the  
r e s u l t s  were shown to be f a i r l y  accurate  when compared wi th exper iment a l  meas­
urements (see F igure  5 . 2 4 ) .  An a d d i t i o n a l  advantage to t h i s  approach i s  t ha t  
input  impedance can be c a l cu l a t ed  from r e f l e c t a n c e  using the f o l l o w i ng  convo­
l u t i o n a l  r e l a t i o n s h i p  der ived by Sondhi and Resnick (1983) .
2 r ( t ) = z ( t ) - z (t ) r ( t  -  t ) dt  ( 6 . 1 )
0
where r ( t )  i s  the r e f l e c t a n c e  and z ( t )  i s  the input  impedance in the t ime  
domain.  This can be forward Four i er  t ransformed to give
. .  . 2 R ( w)
Z(“’ ’  (i -  R u n  <6- 2)
where Z(w) and R(w) are the Four i er  t ransforms of input  impedance and r e f l e c ­
tance r e s p e c t i v e l y .  One can compensate f o r  the absence of the mouthpiece sim­
ply  by model l ing i t  as a mass-spring-damper lumped element ,  and using the
method of E l l i o t t  (1979,  Sect ion 2 . 4 . 7 )  to ad j us t  Z(w) [ * ] .
Using equat ion ( 6 . 2 ) ,  the input  impedance of a s t r a i g h t  t rumpet  has been 
c a l c u l a t ed  from i t s  synthesised r e f l e c t a n c e  (see F igure  5 . 2 3 ,  Sect ion
[ # ]  I t  would be i n t e r e s t i n g  to compare the r e s u l t s  of the two 
methods of computing input  impedance, i e .  the Z(w) c a l c u l a t e d  
using the above method, and the Z ( f )  computed using Goodwin's 
"Look Back" method (Sect ion 2 . 1 . 2 . 4 ) .
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5 . 4 . 3 . 1 ) .  (The mouthpiece c o r r ec t i o n  was not i n c l u d e d . )  The - f i rs t  4 kHz are  
shown in F igure 6 . 9 .  The c h a r a c t e r i s t i c  resonance -frequencies are c l e a r l y  
v i s i b l e .  Normal ly ,  a l l  t rumpet  resonances have disappeared by 1 kHz. Thei r  
presence here can be accounted f or  by the absence,  in the model of Sect ion
5 . 4 ,  of f requency-dependent  damping and r a d i a t i o n  l oss .
Figure  6 .10  compares r e f l e c t a n c e  and input  impedance in the t ime domain.  
The input  impedance i s  of much gr e a t e r  d u r a t i o n ,  which agrees wi th the p r e d i c ­
t i on  of Schumacher (1981) (Sect ion 2 . 2 . 3 ) .
When input  impedance i s  c a l c u l a t e d  from r e f l e c t a n c e ,  any r e l a t i o n s h i p  
between input  impedance and musical  q u a l i t y  (Sec t i ons  2 . 1 . 3  and 6 . 5 . 1 )  can
also be u t i l i s e d .  The main use of i nput  impedance in t h i s  respect  i s  t h a t  the
i n t o n a t i o n  of a proposed bore shape could be p r ed i c t ed .
6 .9 .4 .  Linkt between T n n t i e n t  Response and Subjective Quality
The idea of a l i n k  between t r a n s i e n t  response and s u b j e c t i v e  q u a l i t y  i s  
not new, but has rece ived l i t t l e  a t t e n t i o n  as y e t .  Benade (1969)  s t a t e s  t h a t  
" . . s h o r t  c o n s t r i c t i o n s  in a bore give  e a r l y  p a r t i a l  r e f l e c t i o n s  which a lso
damage tone o n s e t . . " .  In other  words,  he i s  proposing a l i n k  between t r a n s i e n t  
response and the s u b j e c t i v e  q u a l i t y  of  responsiveness (or  " e a s e - o f - b l o w i n g " ) . 
Edwards (1978)  has expl a i ned t h a t  p l aye r s  use the word "responsiveness" to  
descr ibe  the t r a n s i e n t  behaviour  of the i nst rument *  a r esponsive  inst rument  
al lows the p l ayer  t o  s t a r t  a note e a s i l y ,  or change from one n o t e l o r  sound to  
another  e a s i l y .
Bowsher (1976) repor ted i n v e s t i g a t i o n s  i n t o  the po ss i b l e  r e l a t i o n s h i p  
between the t r a n s i e n t  behaviour  of trombones and t h e i r  q u a l i t y .  On t h i s  occa­
sion Benade (1976) proposed t h a t  a " s t u f f y "  i ns t rument  i s  one t h a t  s u f f e r s  
from premature r e f l e c t i o n s .  Kent (1956)  has a l so said t h a t  "unwanted r e f l e c ­
t i o n s  w i t h i n  the inst rument  cause i t  to be ' s t u f f y ' ,  or hard to  blow.  They
reduce the e f f i c i e n c y  of the i nst rument  and cause the tone q u a l i t y  to s u f f e r . "  
The term " s t u f f y "  i s  a s u b j e c t i v e  d e s c r i p t i o n  of the response (or " f e e l " )  of
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the i ns t r ument ,  the opposi te  of s t u f f y  being " f r e e b l ow i ng ". (The c o r r e l a t i o n  
between " s t u f f i n e s s "  and "poor responsiveness" va r i e s  from p l ayer  to p l a y e r . )  
The r e s u l t s  of Sect ion 4 . 5 . 5 . 2  would conf i rm the ex i s t ence  of a d i r e c t  r e l a ­
t i o n s h i p  between t r a n s i e n t  response and s t u f f i n e s s ;  the trumpet  wi th a con­
s t r i c t i o n  in the b e l l  bend was r epor t ed as s t u f f y ,  the t rumpets wi thout  t h i s  
c o n s t r i c t i o n  were not repor t ed  as s t u f f y .  The f a c t  t h a t  the c i g a r e t t e  l i g h t e r  
in the euphonium be l l  caused s t u f f i n e s s  (Sect ion 4 . 5 . 5 . 1 )  would a lso add sup­
p or t .  I t  was suggested,  in Sect ion 6 . 4 . 3 ,  t h a t  the smoothness of the t r a n s i e n t  
response may be r e l a t e d  to e a s e - o f - b l o w i n g .
So f a r ,  exper iments to i n v e s t i g a t e  the e f f e c t s  of bore changes,  and 
t h e r e f o r e  t r a n s i e n t  response changes,  on s u b j e c t i v e  acoust i cs  have been incon­
c l u s i v e .  The work of R.A.Smi th and D a n i e l l  ( 1976 ) ,  mentioned at  the s t a r t  of  
Sect ion 6 . 5 ,  could be extended f u r t h e r .  They es t a b l i s h e d  l i n k s  between bore 
p e r t u r b a t i o n s  and changes in resonance f r e q u e n c i e s ,  which can be r e l a t e d  to 
changes in p i t ch  and tone q u a l i t y .  The bore p e r t u r ba t i o n s  could be represent ed  
by the corresponding change in t r a n s i e n t  response which could be determined
e i t h e r  by measurement or t h e o r e t i c a l  c a l c u l a t i o n .  We l l - d e f i n e d  changes in 
t r a n s i e n t  response could lead to a s t rengt heni ng  of the l i n k s  between t r a n ­
s i en t  response and musical  q u a l i t i e s .
Krttger (1979)  has i n v e s t i g a t e d  the r e l a t i o n s h i p  between the p l a y i n g  q u a l ­
i t y  of brass i nst ruments and aspects of t h e i r  measured t r a n s i e n t  response,
<
p r i n c i p a l l y  t he  b e l l  r e f l e c t i o n  (Sect ion 2 . 2 . 2 ) .
P r a t t  (1978,  unpubl ished work) found t h a t  a t rombone wi th a s e v e r e l y  
dented t uning s l i d e  could not  be d i s t i n g u i sh e d  mu s i ca l l y  from an undamaged 
version of t he  ins t rument .  A poss i b l e  reason here was t h a t  the person who 
undertook the s u b j e c t i v e  t e s t i n g  was not used to the p a r t i c u l a r  i ns t r u men t .  A 
more exper ienced p l ayer  would be more s e n s i t i v e  to d i f f e r e n c e s .  The d i f f e r e n c e  
in the measured input  impedances of the two inst rument s  was n e g l i g i b l e  ( P r a t t ,  
1978,  Sect ion 4 . 9 . 4 ) .  T her e f o r e ,  input  impedance was not a usefu l  phys i ca l
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measurement in t h i s  i ns t ance .  A c a r e f u l  measurement of t r a n s i e n t  response 
using t h e n e w  equipment would det ect  and l oca t e  the dent e a s i l y .
Goodwin (1981,  Sect ion 5 . 4 )  postu l a t ed " t ha t  premature r e f l e c t i o n s  
a f f e c t e d  the t r a n s i e n t  p r o p e r t i e s  of the inst rument  in a mus i ca l l y  s i g n i f i c a n t  
way"; to i n v e s t i g a t e  t h i s  he used a French Horn wi th two sets of s l i d e s  -  one 
with standard ends,  and one wi th ends chamfered to a k n i f e - e dge .  Su b j ec t i ve  
t e s t s  showed t ha t  d i f f e r e n c e s  were not s i g n i f i c a n t .  Goodwin's simple measure­
ments of the t r a n s i e n t  response of the horn in the two d i f f e r e n t  s t a t e s  did 
not det ect  the change in bore geometry.  With the r e f i n e d  impulse appara t us ,  
these d i f f e r e n c e s  could almost  c e r t a i n l y  have been detect ed .
6 .5 .5 .  Di tcui t ion of Futurt Subjective Experiment*
Fur ther  research in t h i s  area i s  s t r o n g l y  recommended. I t  seems probable  
t ha t  Goodwin's exper iment  would have been more conc l us i ve  had the bore m o d i f i ­
ca t i on  been g r e a t e r .  Future s u b j e c t i v e  exper iments to i n v e s t i g a t e  the e f f e c t s  
of bore c o n s t r i c t i o n s  could be designed along the f o l l o w i n g  l i n e s .
(1) S t a r t  wi th a set  of i d e n t i c a l  ins t ruments .  ( The i r  s i m i l a r i t y  could be v e r ­
i f i e d  using the impulse appar a t us . )  Add c o n s t r i c t i o n s  of vary i ng s i z e  at  one 
p a r t i c u l a r  point  in each inst rument .  (Again,  the cor rect ness  of  the p o s i t i o n  
of the c o n s t r i c t i o n  could be v e r i f i e d  using the impulse equipment . )  Car ry  out  
s u b j e c t i v e  t e s t s  to see whether exper ienced p l ayer s  [ * ]  can d i s t i n g u i s h  
between the musical  q u a l i t y  of the ins t rument s .  This w i l l  show w^iat s i z e  of  
c o n s t r i c t i o n  causes a s i g n i f i c a n t  d i f f e r e n c e  in s u b j e c t i v e  q u a l i t y .
(2) Repeat (1) at  d i f f e r e n t  p o s i t i ons  t o  see whether a t  c e r t a i n  p o s i t i o n s ,  
c o n s t r i c t i o n s  have a g r e a t e r  e f f e c t  on q u a l i t y ,  and whether t h e s i z e o f  con­
s t r i c t i o n  requi red to produce a p e r c e p t i b l e  change in s u b j e c t i v e  q u a l i t y  
v a r i e s  depending on the p o s i t i o n  of the c o n s t r i c t i o n .
[ * ]  I t  i s  important  t h a t  the musician doing the t e s t s  i s  able  to  
det ec t  smal l  d i f f e r e n c e s  in q u a l i t y .  Exper ience has shown t h a t  i t  
i s  not ne c e s s a r i l y  t he t o p p l a y e r s  who are best  able  t o  do t h i s .
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(3) S t a r t i n g  wi th a set  of i d e n t i c a l  i ns t rument s ,  place a s i n g l e  c o n s t r i c t i o n  
at  a d i f f e r e n t  p o s i t i o n  in each inst rument  except  one. Determine whether each 
i nst rument  can be d i s t i n g u i s h e d  from the unmodi f ied ins t rument .  I f  each con­
s t r i c t i o n  i s  the same s i z e ,  t h i s  w i l l  show at  which p o s i t i o n s  c o n s t r i c t i o n s
are most l i k e l y  to a f f e c t  q u a l i t y .  This could be used as a means of c o n s o l i ­
dat ing the r e s u l t s  of exper iment  ( 2 ) .
(4) I n v e s t i g a t e  the e f f e c t  of having more than one c o n s t r i c t i o n .  ( I n t e r a c t i o n  
of c o n s t r i c t i o n  e f f e c t s  could be a complex problem. )
One could i n v e s t i g a t e  the s u b j e c t i v e  e f f e c t s  of l eaks in a s i m i l a r  way.
An a l t e r n a t i v e  approach would be to i n v e s t i g a t e  the e f f e c t s  of d i f f e r e n t  
bore s i z e s ,  and p r o f i l e s  of b e l l s  and mouthpipes.  R.A.Smi th (1986)  has a l r eady  
begun i n v e s t i g a t i o n s  of t h i s  type on t rumpets,  c a r r y i n g  out b l i n d f o l d  t e s t s  to  
determine each i n d i v i d u a l  p l a y e r ' s  p re ferences .
I t  seems a p p r o p r i a t e  at  t h i s  stage to poi nt  out t ha t  musical  q u a l i t y  w i l l  
not be s o l e l y  dependent on bore d i s c o n t i n u i t i e s .  Many and var i ous  f a c t o r s  
i n f l ue n c e  the musical  performance,  as i l l u s t r a t e d  by the compl icated model of  
the cont r o l  s t r u c t u r e  governing the p l a y e r / i n s t r u m e n t  i n t e r a c t i o n  given in 
Bowsher ( 1983 ) .  Ther e f o r e ,  the problem must not be o v e r s i m p l i f i e d .  However,  
f u r t h e r  research i n t o  the r e l a t i o n s h i p  between t r a n s i e n t  response and su b j e c ­
t i v e  q u a l i t y  would appear to be wor thwhi l e .
6.5.6. Potential lift of Indirect Trinsisnt Response Relationship jln Instru­
ment Design
I f  the t r a n s i e n t  response proves to be a more useful  way of  p r e d i c t i n g
i nst rument  q u a l i t y  than input  impedance,  the inst rument  design procedure could  
be improved g r e a t l y .  The f l o w - c h a r t  given in F igure 6.11 could be u t i l i s e d .
The f i r s t  stage i s  an at tempt  to e l i m i n a t e  those f a c t o r s  which may p r e j u ­
dice  a p l a y e r ' s  judgement of the musical  q u a l i t y  of the i n s t ru me n t ,  eg.  ac t i o n  
of s l i d e s / v a l v e s ,  appearance,  f i n i s h ,  we i ght ,  ba lance,  e t c .  Market  r esearch  
should be c a r r i e d  out beforehand to discover  e x a c t l y  what phys i ca l
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F i gur• 4.11
Flow Chart  Showing Proposed New I nst rument  Design Procedure
A CTUA L^\^^  
q u a l i t y  and i n t o n a t i o  
v. good enough?
PREDICTED\^^ 
q u a l i t y  and i n t o n a t i o  
good enough?
Design Pr o t o t ype  bore shape
Eva l u a t e  q u a l i t y  and/ or  
i n t o n a t i o n  f a u l t s  and modi fy  
bore shape a c c o r d i n g l y .
Keep permanent  record of  r e l a t i o n s h i p  
between measured response and s u b j e c t i v e  
judgements f o r  f u t u r e  r e f e r e n c e .
Make pro t o t yp e  to  exact  s p e c i f i c a t i o n  of  proposed bore shape and measure 
i t s  t r a n s i e n t  response.___________________________________________________________
Submit to a panel  of p l ay e r s  f o r  s u b j e c t i v e  assessment of i n t o n a t i o n  and 
q u a l i t y  using SDS and MDS.________________________________________________________
Run v i s u a l  and touch t e s t s  (not  musical  or a u r a l )  t o  determine which 
non-musical  f e a t u r e s  s u i t  p l a y e r s  b e s t . ____________________________________
S t a r t  p r o d u c t i o n ,  measuring t r a n s i e n t  response of  each manufactured  
i nst rument  and t e s t i n g  i t  a g a i ns t  measured t r a n s i e n t  response of  
pr o t o t ype  t o  ensure cons i s t ency  of f i n a l  product .____________________________
P r e d i c t  s u b j e c t i v e  q u a l i t y  using r e l a t i o n s h i p s  between r e f l e c t a n c e  and 
s u b j e c t i v e  q u a l i t y  (not  yet  f u l l y  deve l oped) .  P r e d i c t  i n t o n a t i o n  from 
Sum Funct i on. _____________________________________________ ______
Synt hesise  r e f l e c t a n c e  of proposed or modi f i ed bore shape,  
i nput  impedance
"Look Back" Method.  From i nput  impedance c a l c u l a t e  "Sum F u n c t i o n 11.
C a l c u l a t e
e i t h e r  v i a  r e f l e c t a n c e  or d i r e c t l y  using 6oodwin' s
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c h a r a c t e r i s t i c s  the p l ayers  would l i k e  t h e i r  i ns t rument s  t o  have.  In t h i s  way 
a p i c t u r e  of  t he  most popular  or "optimum" i nst rument  may be b u i l t  up. (Of 
course ,  t h i s  ins t rument  would change wi th  t i me ,  in accordance wi t h  predominant  
f ash i on  t r e n d s . )  A l l  p rot ot ypes  should be made t o  correspond wi t h  t h i s  optimum 
i n s t r u me n t ,  but  t h e i r  bore dimensions may be v a r i e d  e x p e r i m e n t a l l y  in  order  t o  
f i n d  the  bore shape which w i l l  g i ve  optimum musical  q u a l i t y .
The manufactured prot ot ypes  w i l l  be fu r n i shed  wi th bore p r o f i l e s  whose 
t h e o r e t i c a l l y  p r ed i c t ed  i n t o n a t i o n  and s u b j e c t i v e  q u a l i t y  are  good. One prob­
lem i s  t h a t  i t  i s  d i f f i c u l t  to  ensure t h a t  the manufactured bore i s  an exact  
copy of  the one s p e c i f i e d  t h e o r e t i c a l l y ,  because of l i m i t a t i o n s  i n  the t e c h ­
nique by which bore diameters are measured.  An exact  copy would be a p a r t i c u ­
l a r  problem wi th  the tuba,  f o r  the reasons exp l a i ned  e a r l i e r  ( Sec t i on  4 . 5 . 3 ) .
I n t o n a t i o n  and q u a l i t y  of  the manufactured pro t o t ypes  are  then assessed 
s u b j e c t i v e l y .  I d e a l l y  the r e s u l t s  should agree wi t h  those p r e d i c t e d  t h e o r e t i ­
c a l l y .  The pr o t o t ype  which performs best  in these t e s t s  w i l l  then be t he  new 
i ns t r ument  model.
This r i gor ous  inst rument  design procedure has a more r a t i o n a l  bas i s  than  
the procedures c u r r e n t l y  f o l l owed in the brass i nst rument  i n d u s t r y .
When proper  product ion of the new model beg i ns ,  the impulse equipment  
ensures t h a t  the product ion model i s  an exact  copy of the p r o t o t yp e  and i s  
c o n s i s t e n t .  A musician could a lso p l ay  each i nst rument  as a double check.  This  
t wo - p a r t  q u a l i t y  assurance t e s t  would be a good market ing p o i n t .
I t  should be noted t h a t  in some senses t h e r e  i s  no such t h i n g  as the  
" i d e a l "  or "optimum" i nst rument .  P l a y e r s '  t a s t e s  vary .  Each p l a y e r  w i l l  have 
hi s  own p r e f e r e n c e .  An inst rument  which one musician regards as p e r f e c t  in a l l  
res p e c t s  may be considered by another  to have poor tone q u a l i t y  and to be 
u n a t t r a c t i v e  in appearance.  However,  f o r  mass produced i ns t r u me n t s ,  t h i s  prob­
lem w i l l  always be present .
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6.4. 8uR«ary of Bugg»»tion* for Futuro Work
(1) Try the Sondhi and Resnick (1983)  method of deconvol ut i on  -  SVD wi th  
r e g u l a r i s a t i o n .
(2) Look f o r  ways of making the bore r e c o n s t r u c t i o n  a l go r i t h m  ( Sec t i on  5 . 4 )  
more s t a b l e  in the presence of noise .
(3) I n v e s t i g a t e  the v a r i a t i o n  of  v e l o c i t y  along the bore of the  i ns t r ument ;
t r a n s i e n t  measurements could he l p .  Then v e l o c i t y  v a r i a t i o n  could be 
i ncorporat ed  in the r e f l e c t a n c e  synt hes i s  a l gor i t hm ( Sec t i on  5 . 4 . 3 . 2 ) .
(4) I n v e s t i g a t e  the a t t e n u a t i o n  in the f l a r i n g  p a r t s  of brass i ns t r ument s  
using the method of Sect ion 3 . 1 . 3 . 5 .
(5) Compare the i nput  impedances computed t h e o r e t i c a l l y  using a t ime domain 
method (Sect ion 6 . 5 . 3 )  and a f requency domain method ( Sec t i on  2 . 1 . 2 . 4 ) .
(6)  Try an a l t e r n a t i v e  to  the Serchberg r e s t o r a t i o n  a l g o r i t h m ,  eg.  ROCS (Sec­
t i o n  2 . 3 . 5 . 2 ) .
(7) Extend the bore p e r t u r b a t i o n  work of R.A.Smi th and D a n i e l l  (1976)  (Sec­
t i o n  6 . 5 . 4 ) ,  so t h a t  changes in resonance f requ en c i es  of brass i n s t r u ­
ments can be r e l a t e d  to changes in t r a n s i e n t  response.
(8) Carry out the s u b j e c t i v e  exper iments o u t l i n e d  in Sect ion 6 . 5 . 5 ,  t o  i n v e s ­
t i g a t e  l i n k s  between bore geometry and s u b j e c t i v e  q u a l i t y .
6i7. Overall Sueeary of Chapter 6
A r e l a t i o n s h i p  between musical  q u a l i t y  and bore shape i s  necessary  in  
order  t h a t  inst rument  designers  can be sure t h a t  t h e i r  m o d i f i c a t i o n s  t o  
i nst ruments w i l l  br ing about a musical  improvement.  There are i n d i c a t i o n s  t h a t  
the t r a n s i e n t  response may be more h e l p f u l  in t h i s  r e s p e c t  than i nput  
impedance. Fur t her  i n v e s t i g a t i o n  of l i n k s  between t r a n s i e n t  response and sub­
j e c t i v e  q u a l i t y  i s  r e q u i r e d .
I t  i s  recommended t ha t  c u r r e n t  i nst rument  design procedures be modi f i ed  
to inc lude  impulse measurements as wel l  as s u b j e c t i v e  assessments.  The meas­
urements provide a useful  way of comparing a pr o t o t ype  wi t h  o t he r  v e r s i o n s  of
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the same instrument,  and ensure that a production model is an exact copy of 
the prototype.
APPENDIX A 
SUMMARY OF COMPUTER PR0SRAMME8 AND THEIR FUNCTIONB
(1)  Data A c q u i s i t io n
Main Routine: IMPULSE5 ( in NOVA FORTRAN 5, loadline: IMP5LD)
Measures t ransient  response (see Figure 3.18 for f lowchart and Section 3 . 2 . 1 ) .  
IMPULSE5 ca l ls  the fol lowing subroutines:
MIKECAL5 -  microphone ca l ibrat ion  
FUND5 -  ca l ib ra t ion  aid
IDEF1PKAR -  aid for  inspection of incoming impulses
INTERPEAK -  in terpola t ion  to determine the precise timing of impulse peak 
(see Section 3 .2 .2 )
IPEAKMODE -  summarises information regarding the timing of the previous 
10 impulses
IAUTORATE -  changes the sampling rate to compensate for ambient tempera­
ture var iat ion (see Section 3 .2 .4 )
ITEMPCHECK -  subroutine re la t ing  ambient temperature, source tube velo­
c i ty  and sampling ra te .
(2) Roiponst Comparison Softwars
INQRMSHIFT ( loadl ine:  INOSHLD) -  standardises a measured response, ie .  s h i f ts ,  
subtracts background le v e l ,  normalises and creates ROI (see Sections 3 .3 .3  and 
4 . 2 . 2 ) .
ISUBTRACT (loadline:  ISUBLD) -  f inds arithmetical d i fference between two 
responses
ISUBTRACT2 ( loadl ine:  ISUB2LD) -  f inds arithmetical d i fference between two 
responses, l i s t s  on screen the highest differences in order of decreasing size  
and in order in which they occur along the instrument; calculates rms d i f f e r ­
ence; f inds posit ion of f i r s t  s ign i f ican t  difference and the number of s ign i ­
f ic a n t  differences.
(3) Plotting (HP Plotter)
IMRECPL (loadline: IMRPLD) -  plots one or more transient  responses (whole or 
p a r t ) ,  using any horizontal or ve r t ic a l  scale; one, two or three plots per A4 
page.
YANDPSPEC (loadline: YANDPLD) -  plots one or more spectra; can cope with d i f ­
fe rent  sampling rates; can plot e i ther  real / imaginary or magnitude/phase (sub­
rout ine FREQCONV converts data from real/ imag to mag/phase).
(4) Deconvolution 
(«) Time Domain Deconvolution
Main Routine: DECQNTIME (loadline:  DETIMELD)
Carries out ei ther  normal or regularised time domain deconvolution. DECONTIME 
c a l ls  the fol lowing subroutines:
FOPEN/BINREAD/BINWRITE - read/wri te  single or double precision binary 
data
ASCREAD/ASCWRITE -  read/wri te  ASCII data 
DCONVDP -  carries out normal time domain deconvolution 
DCQNVDPREG -  carries out regularised time domain deconvolution 
CONVDP -  carries out convolution (double precision)
DFUNCTION -  f inds rms dif ference between true g and computed g
SHIFT -  sh i f ts  result  i f  necessary
(b) Frequency Domain Deconvolution
Main Routine: FREDECQNV ( loadline:  FREDLD)
FREDECQNV ca l ls  the following subroutines:
SHIFT -  explained above
FDPEN/BINREAD2/BINWRITE2 -  read/wri te  single or double precision binary 
spectrum
BINREAD/BINWRITE -  explained above
PYFFT32 -  double precision FFT, size varies up to 2048 complex points.
(c) Constrained Iterative Deconvolution
Main Routine: DECQNVIT2 ( loadline:  DEC2LD)
See Figure 5.13 for an explanatory flow chart and Section 5 .2 .4 .  DEC0NVIT2 
ca l ls  the fol lowing subroutines:
ASCREAD/ASCWRITE, FOPEN/BINREAD/BINWRITE, DFUNCTION, CONVDP -  a l l  
explained above.
Most of the main rout ine DEC0NVIT2 appears in Appendix B.
(d) Other
CONVQLVDP ( loadl ine:  CQNVLD) -  discrete convolution (uses subroutine CONVDP) 
PYTIMFRE32 -  reads data,  FFT's i t  (using subroutine PYFFT32) and wri tes away 
result ing spectrum
SMOQTHTSTA ( loadline:  SMOOLD) -  5-  or 7-point  smoothing of data 
NINSPEC (loadline: WSPECLD) -  spectral  windowing (see Section 5 .2 .3 .3 )
IRANADD (loadline: IRANLD) -  add random noise with e i ther  uniform or 6aussian 
d is t r ibut ion  to data f i l e
(5) Restoration: Oerchberg Algorithe
Main Routine: PYGERCHBC (loadline:  PYG8CLD)
PY6ERCH8C ca l ls  the following subroutines:
PYFFT32 -  explained above
PGSORTHOG -  Gram-Schmidt Orthogonalisation (part of Jones' Acceleration  
Procedure)
PCOEFF -  forms polynomials from Gram-Schmidt resul ts
PNEWRAPH -  solves above polynomials using Newton-Raphson method
PFINDW -  forms vectors through which the normal Gerchberg resu l t  is
improved
PCORRECT -  accelerate normal Gerchberg resu l t  by applying the above vec­
tors
FOPEN/BINREAD/BINWRITE -  explained above
(6) Bor» Reconstruction
Main Routine: BOREC (formerly DEC0NVIT4) -  loadl ine:  BORECLD (formerly DEC4LD) 
See Section 5 .4 .1 .3 .  BOREC ca l ls  the following subroutines:
TOEPLITZ -  f inds q from h by solving l inear  equations of the Toeplitz  
type
CONVDP -  convolves h with q to f ind p 
FOPEN/BINREAD/BINWRITE -  explained above 
ASCREAD/ASCWRITE -  explained above
ANALYSIS -  f inds re f lec t ion  and damping coe f f ic ien ts  from p and q 
AREACALC -  computes area function from re f le c t io n  coe f f ic ien ts
(7) Rsfl«ct«ncfi Byntheiie
(a) Main Routine: SYNTH (loadline: 8YNLD)
See Section 5 .4 .1 .2 .  SYNTH ca l ls  the following subroutines:
REFCALC -  computes re f lec t io n  coe f f ic ien ts  from area function
DAMPCALC -  forms damping function -  a constant, or proportional to e i ther
length of element or i ts  wall area
DCONVDP -  computes h from p and q by time domain deconvolution.
The f i r s t  part of the routine SYNTH appears in Appendix C.
(b) Other
REFTOIMP (loadl ine:  RTOILD) -  converts ref lectance to input impedance using 
the equation in Section 6 .5 .3
VELTUBE (loadline:  VELD) -  calculates f i r s t  approximation to ve loc i ty  va r ia ­
t ion along tube of varying cross section (Section 5 . 4 . 3 . 2 ) .
(8) Miscellaneous
FI LED IT -  creates or modifies a data f i l e  (ASCII or binary)
ISCAN -  allows user to survey contents of single precision data f i l e
ISCANDP -  allows user to survey contents of double precision data f i l e
RRCOMPARE -  compares contents of two single precision data f i l e s
RRCOMPDP -  compares contents of two double precision data f i l e s
IB6M0DEL2 -  generates n sets of m random numbers in specif ied range, sums
them, and calculates rms value at each stage (see Section 3 . 2 . 5 ) .
APPENDIX B
PRINTOUT OF THE HAIN PART8 OF THE PRQBRANME "DEC0NVIT2" 
(CONSTRAINED ITERATIVE DECONVOLUTION)
double precision h (0 :2048 ) , f (0:2048) ,g (0:2048) , fch (8s 2048) 
double precision hactua l (0:2048)
double precision amax,gmax ,mu,fmax ,h d i f f  ,hdiff2,hmax ,hmaxl 
double precision sd,rms 
ccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccc 
c d e c o n v i t 2 . f
c Routine to i t e r a t i v e l y  deconvolve, ie .  f ind h (1 elements) from 
c g (n elements) and f (m elements).
cccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccc 
c (1) Iden t i fy  how many elements in each array,  read in arrays  
c from relevant f i l e s .
isd=0
pr int  # , ' i s  g noisy ( l=yes) ?' 
read * , i n
i f ( i n . n e . l ) g o  to 64
pr int  * , 'w hat  is standard deviation (sd) of added noise ?' 
read *,sd
pr int  * , ' d o  you want the opportunity to stop the program when' 
pr int  * , ' rm s error between f*h & g reaches sd ( l=yes) ?' 
read * , i s d  
64 continue
c (2) locate posit ive maximum of g (& f ) ,  & form h0.
c pr in t  condit ion 
nitwr ite=0  
nit=0
c------------------------------------a i n l o o p  ----------------------------------------------------------
90 i f ( n i t . e q . n i t w r i t e ) p r i n t  # , 'a f t e r  which i te r a t io n  do you next want 
1 to wri te  h-data away ?' 
i f  (n i t . e q .n i tw r i te ) r e a d  * , n i t w r i t e  
i f  ( n i t w r i t e . l e . n i t ) go to 90 
c (3) convolve f & h by ca l l ing  subroutine convdp. Cfch=f*h3 
cal l  convdp (n , f ,h , fc h )  
n i t= n i t+ l
i f ( n i t . ne .n i twr ite )go to 91
pr int  * , 'wr i te  away f in a l  f*h for comparison with g (l=yes) ?' 
read * , iw
i f  ( iw .n e .1)go to 91 
92 pr in t  * , 'wr i te  away in binary (2) or ascii  (1) ?' 
read * , i b i n
i f  ( ib in .ne .  1 .AND.ibin.ne. 2 ) go to 92 
i f ( i b i n . e q . l ) c a l l  ascwr i te ( fch , ( n -1 ) ) 
i f ( i b i n . e q . 2 ) c a l l  b inwr i te ( fch ,n)
91 continue
(4) -form difference array between fch and g and store in fch.
[ g-f  *h (r)  3
do 60 i e0 , ( n - 1 )
66 f c h ( i ) « g ( i ) - f c h ( i )
(5) apply 'dfunction ' to th is  difference array C D (g - f *h ( r )  3 
cal l  dfunction(1 ,n , f c h , i f  max,rms)
i f ( i s d . n e . 1)go to 65 
opportunity to stop i f  rms between g 4 f*h & sd. 
i f ( rms.gt .sd)go to 65
pr int  # , 'opportunity to stop program because rms is approx' 
pr int  * , 'equal to sd . . . '
n i tw r i te= n i t  
isd=0 
pause 
65 continue
(6) form next approx'n to h by adding fch to previous approx'n 
t h ( r+ l )  = h (r )  + D(g - f * h <r ) 3
do 70 i=0, (1-1)
76 h ( i )= h ( i )+ fc h ( i ) *m u
extra b i t  to calc amax within the i n i t i a l  1 elements only.  
amax=0d0 
i amax=0
do 130 i = 0 , (1-1)
i f ( a b s ( f c h ( i ) ) . g t . amax) amaxsabs ( f c h ( i )) 
i f  ( a b s ( fc h ( i ) ) . eq.amax) iamax=i 
136 continue
print  * , ' i t e r a t io n  number ' , n i t , '  complete.'  
amax=mu*amax
print  # , 'maximum difference between old and new h = ',amax 
print  * , ' a t  iamax = ' , iamax, '  ( th is  takes mu into account)'  
f ind rms error between true h (hactual) and calculated h (h) 
i f  ( icomp.ne.1)go to 54 
hdiff=0d0 
hmaxs0d0 
hmaxl=0dB 
do 34 i = 0 , (1-1)  
hmaxlsdmaxl(hmaxl, hactual ( i ))  
hdi f f2=dabs(hactual ( i ) -h ( i )) 
hmaxsdmaxl(hmax,hdiff2) 
i f (hm ax.eq .hd i f f2 ) ihmax=i 
h d i f f sh d i f f+ h d i f f 2 * h d i f f 2 
34 continue
h d i f f= h d i f f /d f lo a t  (1) 
h d i f f= d s q r t (h d i f f )
pr int  * , ' rms error between hactual & h ■ ' , h d i f f  
print  *,'max " “ " " « ' ,hmax,'  at ' ,ihmax
print  * , 'where hac tua l ( i )  = ' , hactual(ihmax) 
hmax=hmax*100d0/hmax1
pr int  #,'(max value of hactual (i ) = ' ,hmaxl, 'so X er ro r18' ,  hmax , 
54 continue
pr int  * , ' * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * * *  
i f ( n i t . ne .n i twr i te )go to 90
(7) option of wri t ing away new h
print  * , 'wr i te  away la tes t  h ( l*yes) ?' 
read * , iw
i f ( i w . n e . l ) g o  to 55 
56 pr in t  f t / w r i t e  away in ascii  (1) or dp binary (2) 
read * , i b i n
i f  ( i b i n . n e . 1 .AND.ibin.ne.2)go to 56 
i f  ( ib in .eq .  D c a l l  ascwrite(h, ( n -1 ) ) 
i f  ( ib in .e q .2 )c a l l  b inwri te (h ,n)
55 continue 
c (8) option of f in ishing program
p r in t  * , 'maximum difference between HNEW fc HOLD = 
pr int  * , ' s to p  program (l=yes) ?' 
read * , is to p  
i f ( i s t o p .n e . l ) g o  to 90
c-------------------------------- end of main loop----------------
pr in t  #, 'end of program'
stop
end
' ,asax
APPENDIX C
FIRST PART OF THE MAIN ROUTINE "SYNTH" (REFLECTANCE 8YNTHE8I8)
double precision ax(0 :1025) , r a (0 s 1025) 
double precision r e (0 :1024) , d (0:1024) 
double precision h(0:204B) 
double precision pc(0:1024) ,q c (0:1024) 
double precision pcdash(0:1024) ,qcdash(0:1024) 
double precision t , t e m p ,p d i f f ,q d i f f  ,pi 
cccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccc 
c s y n t  h . f
c program to synthesise h(z) given re f lec t io n  coe f f ic ien t  (re) and damping 
c coef f ic ien t  (d) data.
cccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccccc 
pi=4.0*datan<1d 0)
14 print  * , 'duc t  elements range from i=0 to i=n . . . . .  n =' 
read *,n
i f  (n .g t . 1024)go to 14 
c (1) option of reading area data (ax) or radius data (ra)
11 print  * , ' read  in x-sec area (1) or radius data (2) ?' 
print  * , ' ( i f  neither is required type 0 ) '
read * , i a r
i f  ( iar .eq.0)go to 13 
i f  ( i a r . e q . 1)go to 12 
i f  ( iar .ne.2)go to 11 
c read radius data & calculate ax ( iar=2)
51 pr int * , ' i s  radius data binary (2) or ascii  (1) ?' 
read * , ib in
i f  ( ibin.eq.  Dea l  1 ascread (ra ,  (n+1)) 
i f  ( ib in .e q .1)go to 50 
i f  ( ibin.ne.2)go to 51 
call  b inread(ra , (n+2) )
50 continue
do 15 i=0 ,(n+1) 
ax ( i ) = p i * r a ( i ) * r a ( i )
15 continue 
go to 13
12 continue
c read ax data & calculate ra ( i a r s l)
16 print  * , ' i s  area data in binary (2) or ascii  (1) ?' 
read * , ib in
i f  ( i b in .e q . l ) c a l l  ascread(ax,(n+1))  
i f  ( ib in .eq . l )go  to 37 
i f  ( ibin.ne.2)go to 16 
cal l  binread(ax, (n+2))
37 continue
do 42 i=0 ,(n+1)
42 r a ( i ) = d s q r t (a x ( i ) / p i )
13 continue
c (2) option of reading re f lec t io n  coe f f ic ien t  data or calculat ing i t
17 print  * , ' read  in re f lec t ion  coe f f ic ien t  data (1) or ca lcu late  i t  using 
lre fca lc  (2) ?'
read * , i a r
i f  ( ia r .eq . l )g o  to 18 
i f  ( iar .ne.2)go to 17
c calculate re f lec t io n  coef f ic ien ts  from x-sec areas by ca l l ing  subroutine 
c re fca lc
call  ref calc (ax ,re ,n)  
go to 19
18 continue
52 pr int  # , ' i s  re f lec t ion  coef f ic ien t  data in asc ii  (1) or binary (2) ?' 
read * , i b i n
i f  ( ib in .eq .  Dea l  1 ascread (re,n)  
i f ( i b i n . e q . 1)go to 19 
i f ( ib in .n e .2 ) g o  to 52 
cal l  binread(re ,  (n + 1 ) )
19 continue
c (3) option of reading damping coe f f ic ien t  data or ca lculat ing i t
21 p r in t * , ' r e a d  in damping coeff ic ien t  data (1) or calculate i t  using 
ldampcalc (2) ?'
read * , i a r
i f ( i a r . e q . 2 ) g o  to 22 
i f ( i a r . n e . 1 )go to 21 
68 pr int  * , ' i s  damping coe f f ic ien t  data in ascii  (1) or binary (2) ?' 
read * , i b i n
i f  ( ib in .eq .  D c a l l  ascread(d,n)  
i f  ( i b i n . e q . 1)go to 61 
i f  ( ib in .ne.2)go to 68 
cal l  binread(d, (n+1))
61 continue 
go to 23
22 continue
c calculate damping coeff ic ients  from radius data by ca l l ing  subroutine 
c dampcalc.
cal l  dampcalc(ra,d,n,pi)
23 continue
c (4) s tar t  by sett ing coeff ic ients  for when k=n- l ,  ie .  n-k=l  
pc (0 )= re (n -1 ) 
pc ( l )= d (n )*d (n )* re (n )  
qc(0) = 1.0
q c ( l ) sr e ( n -1 ) * r e ( n ) * d (n ) *d (n)c----------------- i00p------------------------
c (5) step through a l l  k-values from (n-2) to 0, calculat ing pc's Sc qc's.
do 10 k = (n -2 ) ,0 , -1  
c (6) form pedash Sc qcdash (from 0 to (n-k) ) from previous pc Sc qc 
pedash(0 )=re (k) 
qcdash(0) = 1.0 
do 20 j = i , (n -k -D
pedash( j ) «re (k )#qc( j ) +d(k+l)*d (k+1)*pc ( j - D  
qcdash( j ) =qc ( j ) +re(k )*d(k + l )#d(k + l ) # p c ( j - l )
28 continue
pedash (n -k )sd(k+l) *d(k  + D # pc (n -k - l )  
qcdash (n -k )s5re (k ) *d (k + D *d (k  + l ) * p c ( n - k - l )  
c (7) replace old pc's Sc qc's with newly-formed pedash's Sc qcdash's. 
do 30 j=0, (n-k) 
pc ( j )=pcdash( j)  
qc ( j ) sqcdash( j )
38 continue 
16 continue
c---------------------------end of main loop-------------- --------------------------------------------
c (8) form f i r s t  n values of h by deconvolution using subroutine. . .
cal l  dconvdp (n,qc, pc, h) 
c fur ther  deconvolution necessary to form values of h from h(n+D to h(2n)
do 90 i=(n+1) , (4*n) 
t B0d0
do 91 j = l fn 
temp=qc( j ) * h ( i - j )  
t=t+temp 
91 continue 
h ( i ) = - t  
90 continue
(9) option of wri t ing away h, p Sc q in ascii  or binary.
(10) option of comparing calculated p,q with known p,q
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